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Tribute to Professor George Walter Stewart and Dean Carl Emil Seashore 


On the Occasion of the Acoustical Society Luncheon in Their Honor 
at the State University of Iowa, November 4, 1939 


By DEAN GEORGE D. STODDARD 
State University of Iowa, Iowa City, Iowa 


PROFESSOR GEORGE WALTER STEWART 


N honoring Professor George W. Stewart, 

the Acoustical Society of America has selected 
one of our two Iowa members of the National 
Academy of Science. Clearly, Professor Stewart’s 
election to this eminent body was not based 
on any sudden or accidental discoveries but 
rather upon the cumulative, massive effect of 
a long series of fundamental studies in the field 
of physics. Even the barest listing of his interests 
and enterprises in physics is impressive as in- 
dicative of the man’s breadth and depth. We 
find that he has worked upon radiation, architec- 
tural acoustics, electrical resistances, sound dif- 
fraction, binaural localization, acoustic shadow 
of a sphere, variation from inverse square law, 
difference of phase at the ears, polarization 
and absorption of thin slits, ionization at me- 
tallic surfaces, extension of 
Weber’s law, location of aircraft by sound, 
propagation of sound in irregular atmosphere, 
conical horns, function of phase and intensity 
in binaural location, general theory of acoustic 


binaural beats, 
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wave filters, variable single band filter, acoustic 
transmission in branch lines, absolute measure- 
ment of acoustic impedance, x-ray diffraction 
in liquids, the physical state of a liquid, structure 
of electrolytes, distribution of energy in spectra, 
relation between illuminating power, viscosity 
and density of kerosene oils, theory of Herschel- 
Quincke tube, uncertainty principle in acoustics, 
association in liquids, variation in liquid, asso- 
ciation with molecular structure, the cybotactic 
condition in liquids, and internal changes from 
gas to liquid states. 

But to those of us who know him best, the 
great contribution of Professor Stewart cannot 
be described adequately in any such skeletal 
terms. His fellow Academician, Dean-Emeritus 
Carl E. Seashore, on the occasion of the presen- 
tation to the University of a portrait of Professor 
Stewart, has given us a word picture that is 
ideal for the present occasion: 


sé 


. eminent physicist through your sig- 
nificant contributions to basic problems in 
physical science, both pure and applied; 
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“é 


. recognized educator through your wise 
counsel and active leadership in graduate and 
undergraduate education, locally and nationally; 
“. . . great teacher by virtue of your sym- 
pathetic personal influence and comradeship 
with students and the fostering of progressive 
educational procedures; 

‘“ . . citizen of the world through your ex- 
tensive travels and intimate associations with 
scholars at home and abroad and your ideals 
of the brotherhood of mankind; 

“.. . beloved citizen at home not only in your 
own name, but also through the noble civic 
spirit and service of your helpmate; 

‘. . . gracious university host for colleagues 
and students, humble strangers, and distin- 
guished guests in your beautiful home; 

"7 . comrade with the seekers after truth, 
humbling yourself before the savants of all ages 
and projecting yourself into coming generations 
through your teachings and contributions to 
science; 





Professor George Walter Stewart 


GEORGE D. 


STODDARD 

‘“. . . balanced personality in work and jp 
play, in physical health, living in an atmosphere 
of intellectual, moral, social, artistic, and re. 
ligious pursuits, a whole man.”’ 


DEAN CARL EmIL SEASHORE 


HE second guest of honor in this luncheon 

of the Acoustical Society of America js 
Dean-Emeritus Carl E. Seashore. In the aca- 
demic halls of America one would search long 
indeed to find a more beautiful set of scientific 
and cultural twins. But Stewart and Seashore 
are fraternal, not identical, even though their 
separate pathways of physics and psychology 
have converged within the general area of 
acoustics. 

Dean Sheashore, too, was elected to the 
National Academy of Science on the basis of 
a lifetime of pioneering scientific work in hitherto 
unexplored areas. In addition to work in the 
general field of psychology, he has achieved 
international renown for his contributions in 
the psychology of music. We find among his 
researches work on mental ability, illusions, 
gifted students, tests and measurements, motor 
capacities and sound localization, together 
with a steady stream of researches on various 
aspects of the psychology of music. 

As the President of the University, Eugene 
A. Gilmore, said of him a short time ago: 


“For over forty years under seven presidents 
of the State University of Iowa, Carl Emil 
Seashore has served this institution. As dean 
of the graduate college he has offered special 
encouragement and guidance to the gifted grad- 
uate student. He has built, on a solid foundation 
of learning, one of the best psychological labora- 
tories in existence and his studies in acoustics 
and the psychology of music have turned the 
eyes of the scientific world toward Iowa. 

‘‘As dean emeritus he has not actually retired 
to bask in the sunshine of past accomplishments, 
but is still working effectively for the advance- 
ment of psychology, education, and music. 
Truly, here is a prophet who is not without 
honor in his own country, and Swedish civili- 
zation should be proud to have _ produced 
the Iowa farm boy who was destined to con- 
tribute so immeasurably to world knowledge.” 
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LUNCHEON IN HONOR OF 


Dean Carl Emil Seashore 


That these views are shared by others is 
clear from the citation given him on the occasion 
of awarding the honorary degree of Doctor of 
Science from Yale University: 


“From the outset his own purpose has been 
clear, his aim unerring, his effort meaningful. 
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A hundred scientific books and papers of his 
own, and the long series of Iowa Studies in 
Psychology published under his editorship, attest 
his scholarship and influence. In the discovery 
of new means and methods for testing musical 
promise and proficiency, for determining and 
correcting defects of speech, for studying the 
psychology of mental work, and the impelling 
question of the gifted student, he has long led 
and penetrated far. A scholar of high achieve- 
ment, ‘still nursing the unconquerable hope!’ ”’ 


I think you will all be pleased to know that 
this evening a large group of friends and former 
students of Dean Seashore will celebrate him 
through the presentation of a bronze bust to 
the University. What will be said of the bust 
is meant for the living man: 


“This gift portrays, above all things, a man: 
a whole man who puts his mind and his heart 
in every enterprise; 

‘a man whose achievements in the world of 
science, of art, of education are known the world 
over; 

‘“‘a man whose wise and friendly counsel has 
turned groping students into effective research 
scholars; 

‘“‘a man who, together with his devoted wife, 
children and grandchildren, has placed the 
family circle at the center of human living; 

“in brief, a man long distinguished in an able 
company of civilized persons.”’ 
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On the Auditory Significance of the Term Hearing Loss 


Joun C. STEINBERG AND MARK B. GARDNER 
Bell Telephone Laboratories, New York, New York 


(Received August 27, 1939) 


For a number of years hearing impairment has been expressed by the audiogram, which is 
a measure of the hearing loss for sounds which are just audible to the deafened ear, with the 
implication that impairment for threshold sounds indicates the impairment for sounds above 
threshold in the range of interest to the deafened. It is shown that the audiogram is not an 
accurate indication of hearing impairment for above threshold sounds in cases involving nerve 
deafness, when the loss in loudness sensation is taken as the criterion; but when the capacity 
to interpret speech sounds, as indicated by articulation tests, is the criterion, the audiogram 
does give an approximately correct indication of the hearing impairment. The relation of the 
audiogram to experiences in interpreting the speech of everyday life and the relation of hearing 


loss to absolute ear sensitivity are given. 





INTRODUCTION 


EARING loss is a term that has been in 

use for a number of years to express the 
degree of hearing impairment. It is the amount 
in decibels that the deafened threshold for a 
given sound is raised above the normal threshold. 
When the hearing losses for pure tones of dif- 
ferent frequency are plotted as functions of fre- 
quency a curve of hearing impairment is obtained 
which has been called the audiogram. Such a 
curve expresses the amount of the hearing 
impairment for tones that are just audible to 
the deafened ear. 

Recent work on the loudness sensation ex- 
perienced by deafened persons for tones that 
were well above the deafened threshold indicates 
that the hearing impairment for above threshold 
tones may not be accurately expressed by the 
audiogram or hearing loss as ordinarily used. 
Since above threshold tones are the ones of chief 
interest to the deafened, it is proposed in this 
paper to discuss the significance of hearing loss 
as indicative of the hearing impairment for such 
tones. 

Three criteria are used for evaluating hearing 
impairment for above threshold sounds in terms 
of the audiogram, namely, loss in the loudness 
of sounds, loss in the capacity for correctly 
interpreting speech sounds as obtained from 
laboratory tests upon deafened observers and 
loss in the capacity for understanding speech 
in everyday life as revealed by deafness reports 
given in the recently published survey of hear- 


ing in the population by the United States 
Public Health Service. A discussion is included 
of the relation of hearing loss to the absolute 
sensitivity of the human ear. 


RELATION BETWEEN HEARING LOSS AND THE 
Loss IN LOUDNESS SENSATION 


One would expect that sounds would be heard 
with less than normal loudness by an ear having 
a hearing loss. Although this is true in general, 
there are important exceptions which have been 
revealed by studies with individuals having one 
normal and one impaired ear.! 

In these studies an observer compared the 
loudness of a tone heard with the normal ear 
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Fic. 1. Typical loudness loss for conductive deafness. 





1J. C. Steinberg and M. B. Gardner, ‘Dependence of 
Hearing Impairment on Sound Intensity,’’ J. Acous. Soc. 
Am. 9, 11 (1937). 


270 


LP 





with 
the i1 
and © 
of th 
until 
inten 
tinct 
whicl 
norm 
above 
the | 
as the 
Thes 
of pl 
respe 
Ty 
show 
audic 
of af 
solid 
on tl 
of lo 
cycle 
norm 
West 
the i1 
ear b 
word 
ear ii 
amot 
is a 
impa 
ness 
is stt 
solid 
are < 
The 
of t 
prese 
in th 
TI 
cases 
The 
show 
2048 
60d 
char 
is at 


2E 
Otosc 








tates 
uded 


olute 


THE 


reard 
iving 
eral, 
been 
x one 


| the 
1 ear 








Ree 


Oe pe 


with the loudness of a similar tone heard with 
the impaired ear by listening first with one ear 
and then with the other. The intensity level 
of the tone on the normal ear was adjusted 
until it sounded as loud as the tone of fixed 
intensity level on the impaired ear. Two dis- 
tinct types of deafness were observed, one in 
which the deafened ear heard tones at less than 
normal loudness as they were increased in level 
above the deafened threshold, the other in which 
the loudness of the tones approached normal 
as they were raised above the deafened threshold. 
These types were found to correspond to cases 
of pure conductive and pure nerve deafness, 
respectively. 

Typical data for conductive deafness are 
shown in Fig. 1. The upper charts show a normal 
audiogram for the left ear and a hearing loss 
of approximately 30 db for the right ear. The 
solid lines in the three lower charts show levels 
on the impaired and normal ears for equality 
of loudness for tones of 256, 1024 and 2048 
cycles. The levels are expressed in db from 
normal threshold levels or zero settings of the 
Western Electric 2A audiometer. The levels on 
the impaired ear exceed the levels on the normal 
ear by approximately constant amounts. In other 
words, the loudness of the tones for the impaired 
ear is less than that for the normal ear by the 
amount of the hearing loss, and the audiogram 
is a correct index of the amount of hearing 
impairment when measured in terms of the loud- 
ness loss experienced by the deafened ear. This 
is strictly so at 256 cycles, as shown by the 45° 
solid line, in which the levels for equal loudness 
are always 35 db greater on the impaired ear. 
The slight departure from a 45° line in the case 
of the two higher frequencies indicates the 
presence of a small amount of nerve deafness 
in this ear. 

The results of similar tests for two typical 
cases of nerve deafness are shown in Fig. 2. 
The audiogram in the upper left-hand chart 
shows normal hearing in the right ear for a 
2048-cycle tone, but the left ear has a loss of 
60 db. The solid curve in the upper right-hand 
chart shows that the level on the impaired ear 
is about 60 db greater than that on the normal 


‘E.. P. Fowler, ‘““A Method for the Early Detection of 
Otosclerosis,”” Archives of Otolaryngology, Dec. (1936). 
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ear for equal loudness when the tone is near 
threshold on the impaired ear. However, when 
the tone is 35 db above the deafened threshold, 
i.e., at a level of 95 db, the level on the impaired 
ear is only 17 db greater than that on the normal 
ear. In another case shown by the lower charts, 
the level on the impaired ear under this con- 
dition equals the level on the normal ear for 
equal loudness, showing that the impaired ear 
experiences the same loudness sensation as the 
normal ear. In these cases the audiograms in- 
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Fic. 2. Typical loudness loss for nerve deafness. 


dicate the hearing impairment in terms of loud- 
ness loss for tones of threshold intensity only. 
As the tones are raised above the deafened 
threshold, the loudness losses diminish and tend 
to approach zero. 

These observations also apply to cases involv- 
ing mixtures of the two types of deafness, 
although generally to a lesser degree, depending 
upon the proportions of the mixture. The same 
phenomenon is found to occur in the case of 
threshold shifts produced by the presence of 
extraneous noise.! The noise or masking audio- 
gram indicates the correct loudness losses for 
tones barely audible in the presence of the noise, 
but as they are raised above the shifted thresh- 
old, the loudness losses diminish and tend to 
approach zero, as in the case of pure nerve 
deafness. 

On the basis of such data it is concluded that 
the hearing loss is not indicative of the hearing 
impairment for the sensation of loudness of 
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Fic. 3. Form of articulation curves for normal and deafened 
observers. 


above threshold sounds except in the case of 
pure conductive deafness. For other types of 
impairment, the loudness loss is generally less 
than that indicated by the conventional hearing 
loss or audiogram. When hearing impairment is 
evaluated in terms of the capacity for inter- 
preting speech sounds, probably the criterion of 
greatest interest to the deafened, quite a dif- 
ferent situation results, as discussed in the fol- 
lowing section. 


RELATION BETWEEN HEARING LOSS AND THE 
INTERPRETATION OF SPEECH SOUNDS 


The articulation test is a means which has 
been in use for a number of years for measuring 
the capacity for interpreting speech sounds.® 
In this test, lists of detached monosyllables of 
the consonant-vowel-consonant type are spoken 
to an observer who writes down the sounds that 
he hears. The percentages of called syllables 
or sounds which are observed correctly are 
obtained by comparing the written lists with the 
called lists. These percentages, which are called 
syllable and sound articulations, respectively, are 


3H. Fletcher and J. C. Steinberg, “Articulation Testing 
Methods,” Bell Sys. Tech. J. 8, 806 (1929). 
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taken as measures of the capacity for interpreting 
speech. 

For a normal hearing observer, the syllable 
articulation as a function of the level of the 
speech above threshold takes the form shown 
by curve 1 in the lower chart of Fig. 3. As the 
speech is raised above threshold, the articulation 
increases rapidly until a level of about 40 db 
is reached. The curve then bends over and 
reaches a maximum at about 65 db above 
threshold and then decreases somewhat for very 
high speech levels. The average audiogram for 
the normal hearing crew used to obtain this 
curve is shown in the upper right-hand chart 
of Fig. 3 by curve 1. When articulation tests 
were made with three deafened observers having 
the audiograms designated as 2, 3 and 4 in the 
upper charts of Fig. 3, the articulation curves 
similarly designated in the lower chart were 
obtained. These curves are generally similar 
in form to the normal hearing curve. The number 
of decibels between the straight line portion of 
curve 1 and the corresponding portions of curves 
2, 3, 4 give an approximate measure of the degree 
of hearing impairment for speech interpretation. 
As indicated in Table I, these differences cor- 


TABLE I. Hearing impairments for speech interpretation. 
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respond closely to the average difference in the 
frequency range from 500 to 4000 cycles, 
between the audiograms of the normal and 
deafened observers. This is the range of most 
importance to the interpretation of speech. The 
correspondence is only approximate because the 
differences between the articulation curves for 
normal and deafened observers also depend 
upon the maximum values of articulation ob- 
tainable by the deafened observers. These maxi- 
mum values depend in turn upon the amount 
of hearing loss and its variation with frequency. 

To compare the impairments for speech inter- 
pretation more directly with the loudness im- 
pairments discussed in the previous section, the 
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articulation curves in Fig. 3 have been plotted 
in Fig. 4 to show the levels on the impaired 
and normal ears for equality of articulation. 
The levels are expressed in db above the normal 
threshold. The levels on the impaired ears exceed 
the level on a normal ear by approximately 
constant amounts until the speech levels are at 
least 20 db above the deafened thresholds. In 
this respect the equal articulation curves are 
similar to the equal loudness curves for ‘con- 
ductively deafened ears (Fig. 1). However, the 
deafness in all three cases is of the mixed 
type as shown by the bone conduction losses 
designated by the squares in the upper charts 
of Fig. 3. 

These data indicate that similar audiograms 
arising from either nerve or conductive deafness 
would tend to cause equal hearing impairments 
for speech interpretation when the level of the 
speech above threshold is in the range that 
would ordinarily be used. The loudness of the 
received speech for similar audiograms may be 
very greatly different indeed, depending on the 
type of deafness. In other words, the loudness 
of the received speech is not an adequate cri- 
terion of its interpretability to the deafened. 
The degree of the impairment for speech inter- 
pretation, i.e., the amount that the speech level 
on a deafened ear must exceed that on a normal 
ear for equal articulation, is given approximately 
by the average hearing loss at the frequencies 
of 512, 1024, 2048, and 4096 cycles. The bending 
over of curves 3 and 4 of Fig. 4 at the higher 
speech levels arises 
values of articulation obtainable by the deaf- 
ened observers were less than those obtainable 
by normal hearing persons. 


because the maximum 
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Fic. 4. Levels for equal articulation for three cases of mixed 
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To support the above results without ambigu- 


ity, tests have been undertaken recently in 


which both loudness and articulation were 
measured with observers having one normal 
and one deafened ear. Fig. 5 shows the results 
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Fic. 5. Levels for equal loudness and articulation for a case 
of conductive deafness. 


obtained for an observer having a case of deaf- 
ness which was preponderantly of the conductive 
type. The equal loudness and equal articulation 
curves in the lower chart show that the levels 
on the impaired ear exceed the levels on the 
normal ear by approximately constant amounts 
as they are raised above the deafened threshold. 

Figure 6 shows data for an observer having 
almost pure unilateral nerve deafness. In this 
case, the speech frequencies were limited by a 
band pass filter passing the range from 1200 
to 3500 cycles in order to differentiate markedly 
between the normal and the impaired ear. The 
difference between the curves for equal loudness 
and equal articulation in the lower chart is 
very striking. The level on the impaired ear 
exceeds the level on the normal ear for equal 
articulation values by a constant amount as the 
speech is raised above the deafened threshold. 
This amount is equal approximately to the 
average of the difference in response of the two 
ears at 1200, 2000 and 3500 cycles. For the 
equal loudness curve, however, the amount by 
which the level on the impaired ear exceeds 
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Fic. 6. Levels for equal loudness and articulation for a case 
of nerve deafness. 


that on the normal ear diminishes as the speech 
is raised above threshold, as would be expected 
from the discussion under Fig. 2. Although the 
loudness of the speech heard by the impaired 
ear approaches normal loudness as the level is 
raised, the interpretability of the speech remains 
impaired to about the extent indicated by the 
audiogram. 

Further support of the above conclusions is 
given by the results of articulation tests made 
with observers whose thresholds of hearing were 
shifted artificially by the presence of a masking 
noise.* Curve C in the lower chart of Fig. 7, 
showing the levels of speech above normal 
threshold on the normal and the masked ears 
for equal articulation, is typical. Curves B and 
A show the actual articulation results for a 
masked and normal ear, respectively, from which 
curve C was derived.’ The upper chart gives 
the masking audiogram for the noise used in 
the tests. The speech level on the masked ear 
exceeds that on the normal ear by an approxi- 
mately constant amount as the speech is raised 
above the threshold of the masked ear. This 


4 John C. Steinberg, “‘Effects of Distortion on the Recog- 
nition of Speech Sounds,” J. Acous. Soc. Am. 1, 121 (1929). 

5 Curve A differs from curve 1 of Fig. 3, although both 
are for normal hearing observers. The former was obtained 
several years before the latter, using a system of more 
limited frequency range and a different type of articulation 
test. 
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amount is equal approximately to the average 
masking at 512, 1024, 2048 and 4096 cycles, 
as was the case for the data on deafened observers 
shown in Figs. 4, 5 and 6. Thus the interpret. 
ability of the speech, as its level is raised jp 
the presence of the noise, remains impaired by 
the amount indicated by the audiogram, al- 
though the loudness, as indicated in the previoys 
section, tends to approach that sensed with the 
normal unmasked ear. 

Since the level of the speech above the deaf- 
ened threshold is the significant factor in articy- 
lation, the threshold loss as given by the audio. 
gram indicates the hearing impairment in terms 
of the capacity for correct speech interpretation, 
As this is the criterion that is probably of great- 
est interest to the deafened, the continued use 
of the audiogram to express hearing impairment 
is justified, even though it may give an incorrect 
indication of the loudness impairment in cases 
involving nerve deafness. 

It should be noted that although two deafened 
individuals show the same articulation impair- 
ment, they might differ in their own conceptions 
of their abilities to understand speech. For 
example, the nerve deafened individual might 
feel more confident of his ability to understand 
speech than an individual having a similar 
amount of conductive deafness because of the 
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smaller loudness loss for the nerve deafened at 
the higher levels. 


Tue RELATION BETWEEN HEARING Loss AND 
THE CAPACITY FOR INTERPRETING : 
EVERYDAY SPEECH 


Although the data discussed in the previous 
sections give a relation between hearing loss 
and speech interpretation under a set of con- 
trolled laboratory conditions, they do -not 
indicate readily the deafened individual’s own 
judgment of his capacity for understanding 
speech under conditions met with in the ordi- 
nary walks of life. Information of this type has 
become available recently with the publication 
of the results of a nation-wide health survey 
undertaken two years ago by the United States 
Public Health Service.* As part of this survey 
a study of hearing in the population was under- 
taken under the direction of Dr. W. C. Beasley, 
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Fic. 8. Average audiograms for groups reporting different 
degrees of hearing. 


Senior Administrative Officer, The United States 
Public Health Service. 

In one part of this study, some 9000 persons 
were called into clinics for interviews and audio- 
metric tests. Twelve clinics were operated in 
twelve cities located in different parts of the 
United States. The persons interviewed were 
asked concerning their ability to hear. Normal 
hearing was defined as no noticeable difficulty. 
If deafness was reported, the individual was 
asked to classify the difficulty in one of the 
following four classes: 





‘The National Health Survey, Hearing Studies Series, 
Bulletin No. 2, The United States Public Health Service, 
Washington; 1938. 
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Fic. 9. Ear canal pressures for zero hearing loss. 


1. Partial Deafness, Stage 1, unable to understand 
speech in a public place, such as a church or theater, or in 
a conference between five or six people. 

2. Partial Deafness, Stage 2, unable to understand 
speech from a speaker two or three feet away. 

3. Partial Deafness, Stage 3, unable to understand 
speech from a telephone. 

4. Total Deafness, unable to understand speech under 
any conditions. 


By this means, reports of normal hearing and 
various stages of deafness were obtained. About 
half of those selected reported normal hearing, 
the remainder reported some stage of deafness. 

These reports were followed by an audio- 
metric test. The average audiograms of the 
reported normal hearing and deafened groups 
are given in Fig. 8, and show, at a glance, the 
hearing experiences of persons having various 
degrees of hearing loss. The average hearing 
loss for the reported normal group is about 
5 db. Groups having an average hearing loss 
of about 25 db in the speech frequency range 
report inability to understand speech in the 
church or theater. Those having an average loss 
of about 45 db in this range report an inability 
to understand direct conversation from a dis- 
tance of two or three feet. When the average 
hearing loss reaches a value of about 65 db, 
inability to understand telephone speech is 
reported. Total deafness for speech occurs for 
an average hearing loss of about 85 db.’ 


7 The crosses (x) of Fig. 8 show the maximum output 
of the 2A audiometer at the various frequencies. This 
output limitation probably accounts for the crowding of 
the 8192-cycle results of stages 2 and 3 and the total 
deafness group, as well as influencing the entire results of 
the total deafness group. 
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RELATION BETWEEN HEARING LOSS AND THE 
ABSOLUTE SENSITIVITY OF THE EAR 


The absolute sensitivity of the ear is deter- 
mined by the smallest value of sound pressure 
that will produce an audible tone. This value 
is a complicated function of many factors, such 
as the frequency of the tone, various character- 
istics of the observer, such as his sex, age, experi- 
ence and capacity for careful observation, the 
experimental techinique used and the point in 
the process beginning at the sound source and 
ending at the eardrum where the pressure meas- 
urement is made. This subject has been re- 
viewed recently by Messrs. Sivian and White, 
and curves derived showing minimum audible 
pressure as a function of frequency, which are 
based on the results of their own work as well 
as on the results of the work of many others.® 

The derived curve designated as M.A.P. is 
reproduced in Fig. 9. It shows the values of 
minimum audible pressure for monaural listen- 
ing, expressed in db from 0.0002 dyne per sq. 
cm, as measured inside the ear canal about 
- 4 inch from the eardrum. These pressures cor- 
respond closely to pressures on the eardrum in 
the frequency range below about 4000 cycles. 
It is believed that this curve tends to approach 
the ultimate in hearing by human beings. The 
data were obtained under carefully controlled 
laboratory conditions; the observers were young 
adults of better than average hearing, and skilled 
in aural observation. The large encircled dot 
at 1000 cycles shows the average M.A.P. value 
for 100 observers selected at random from Bell 
Telephone Laboratories’ personnel, who had 
no previous experience in aural observation.° 
The standard deviation in these tests was 5.3 
db, and the range including 80 percent of the 
observers was +7.0 db, as shown by the solid 
horizontal bars. The difference between the 
average M.A.P. value for the 100 observers 


8L. J. Sivian and S. D. White, “On Minimum Audible 
Sound Fields,’ J. Acous. Soc. Am. 4, 288 (1933). 

9 J. C. Steinberg and W. A. Munson, “Deviations in the 
Loudness Judgments of 100 People,” J. Acous. Soc. Am. 8, 
71 (1936). Note—The observed threshold voltage on the 
receivers (two-ear listening) as given in Table VI equals 
— 103.0 db from 1 volt. This is equivalent to a level of 
— 101.0 db for one-ear listening. The pressure level at the 
ear canal opening, in dynes per sq. cm per volt on the 
receiver, equals 116.0 db (not given in above paper). 
Hence the M.A.P. equals 15 db, the value shown in Fig. 9. 
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and that shown by the derived curve is believed 
to be due to differences in ears, in native per- 
ceptive skill and experience and in the exper. 
mental techinique utilized. 

The zero hearing loss settings of the Westerp 
Electric 2A audiometer were determined directly 
from the average audiometer attenuator settings 
for threshold for 36 observers between the ages 
of about 20 to 30 years, and having no hearing 
defects apparent in an otoscopic examination, 
These average settings were taken as the audio. 
meter zero points defining normal hearing for 
audiometric purposes. It is of interest to note 
from Fig. 8 that the average hearing losses 
obtained in the U. S. Health Survey for people 
reporting no hearing difficulties differ only a 
few decibels from the audiometer normal or 
zero hearing loss. The differences would un- 
doubtedly be smaller if measurements on persons 
over 30 years of age were to be excluded from 
the data of Fig. 8. This is particularly true at 
the two higher frequencies, 4096 cycles and 
8192 cycles. 

In order to compare the audiometric normal 
with the absolute sensitivity of the ear, meas- 
urements have been made recently of the pres- 
sures produced at the opening of the ear canal 
by the receiver for zero setting of the audio- 
meter. The measurements were made by Mr. W. 
A. Munson with a special search tube trans- 
mitter so arranged that the search tube could 
be inserted into the opening of the ear canal 
either by means of a small hole drilled through 
the receiver cap or by inserting the search tube 
under the receiver cap in a direction flush with 
the observer's cheek. The averages of the results 
of these two methods are shown in Fig. 9 by the 
curve marked 2A. Measurements at frequencies 
below 256 cycles may not be representative of 
pressures achieved in audiometric practice be- 
cause, on account of leakage effects, such pres- 
sures are critically dependent on the seal obtained 
in holding the receiver to the ear. Above 4096 
cycles pressures measured at the ear canal 
opening may differ considerably from pressures 
on the eardrum due to standing waves, and are 
therefore not comparable with the M.A.P. curve 
of Sivian and White. The latter measurements 
were made at a point some half-inch farther 
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in towards the tympanic membrane. With the 
exception, therefore, of the 8192-cycle data and 
possibly the 128- and 4096-cycle measurements, 
the data approximate pressures on the eardrum 
and are directly comparable with the data 
represented by the derived M.A.P. curve. The 
curve marked 6A shows similar measurements 
for zero setting of the Western Electric 6A audi- 
ometer which was calibrated to the same zero as 
the earlier 2A instrument. 

There is a difference of some 15 db bétween 
the pressures corresponding to the audiometric 
threshold as expressed by the 2A and 6A curves 
and the pressures corresponding to the derived 
M.A.P. curve. Yet the average threshold as 
obtained for the reported normal group of the 
U. S. Health Survey (Fig. 8) shows a sensitivity 
some 5 db less than that corresponding to the 
zero setting of the audiometer. Hence, there is 
a difference of some 20 db between the average 
M.A.P. of the large group of normal hearing 
people and that for the group used to determine 
the derived M.A.P. curve. It is believed that 
these differences are real and are due principally 
to differences in experimental techniques. In 
the Health Survey tests, some 25 or 30 persons 
per clinic were tested daily. Under these con- 
ditions it is unlikely that the operators were 
able to elicit the lowest threshold responses. 
Also it is unlikely that the subjects, most of 
whom were being tested for the first time, were 
in a frame of mind to achieve their best concen- 
tration. The data represented by the M.A.P. 
curve were obtained under favorable laboratory 
conditions, utilizing skilled operators and ex- 
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perienced observers. Even under similar experi- 
mental conditions, there must be a considerable 
difference in the capacity for careful observation 
between a group chosen at random from the 
population and a select experienced group of 
laboratory observers. Some idea of the effect of 
experience may be obtained by comparing the 
large encircled dot which represents the M.A.P. - 
of 100 inexperienced observers at 1000 cycles 
with the M.A.P. curve. 

The distributions of the U. S. Health Survey 
observations for frequencies of 256, 1024 and 
4096 cycles are shown by the dashed lines of 
Fig. 9. Only a small percentage of the observers 
achieved threshold values equal to or lower than 
those corresponding to the M.A.P. curve. The 
standard deviation for the distribution of 1024 
cycle thresholds is 6.1 db. That for the obser- 
vations of 100 inexperienced laboratory ob- 
servers is 5.3 db. The standard deviation for 
the observations of experienced observers is 
somewhat smaller, usually between 4 and 5 db. 
Hence, although the average threshold values 
for these groups differ considerably, the ranges 
of the values are not greatly different. 

The data of Fig. 9 show that the conditions 
under which threshold observations are obtained 
affect the result. For good ears under favorable 
conditions, the hearing threshold is represented 
by the M.A.P. curve. On the other hand, for 
those in the population who report no difficulty 
in hearing, the threshold as obtained with an 
audiometer in the hands of the otologist is 
probably better represented by the curves cor- 
responding to the zero setting of the audiometers. 
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Statistical Measurements on Conversational Speech 


H. K. DuNN ANp S. D. WHaiTE 
Bell Telephone Laboratories, New York, New York 
(Received November 15, 1939) 


Using apparatus designed to collect a large number of 
data in a short time, the following measurements have been 
made: peak and r.m.s. pressures in one-eighth-second 
intervals, and in various bands of frequencies up to 12,000 
cycles per second, from the voices of six men and five 
women; comparison of r.m.s. pressures in one-eighth- and 
one-fourth-second intervals, from a single male voice; and 


of the instantaneous pressures in whole 
speech, from a single voice. Derived from these data are 
peak factors in one-eighth-second intervals, and frequency 
distribution of speech energy in long intervals. Both the 
absolute value and the distribution of energy are found 


somewhat different from previously published results. 


distribution 





HE chief purpose of making statistical 

measurements on speech is to obtain as 
rapidly as possible data which may be useful in 
transmission or reproduction problems. Measure- 
ments of this sort were described in 1929,! and 
the present report is a review of similar work 
done in these laboratories in the succeeding 
decade. Some of tiie data are of new types, 
others are extensions through the use of more 
voices or of apparatus designed to gather data 
more rapidly. 


GENERAL CONDITIONS 


Several types of measurement will be reported. 
For all of them, something approaching normal 
conversational speech was used. Specifically, the 
speakers were asked to read continuously, at a 
normal voice level, from stories containing large 
proportions of conversation. The stories were all 
in the English language, and without special 
dialects. The sound was picked up by a condenser 
microphone, placed at a distance of 30 cm in 
front of the lips. This microphone was calibrated 
to give pressures in the free field, and the room 
used was sufficiently dead that no appreciable 
error was introduced by reflections at the dis- 
tance mentioned. It will be understood that all 
amplifiers used were substantially free from non- 
linear distortion in the entire range of amplitudes 
covered; also that frequency distortion, while 
kept to a minimum, was taken into consideration 
by making circuit and microphone calibrations 
in each of the frequency bands used. 

The separation into bands was by means of 


1L. J. Sivian, “Speech Power and Its Measurement,” 
Bell Sys. Tech. J. 8, 646 (1929). 
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filters, having attenuations of 70 db or more 
outside the passed bands. As will be shown in 
the figures, bands one octave wide were used 
below 500 cycles per second, and one-half octave 
wide above that frequency. Above 8000 cycles a 
high-pass filter was used, but we have given this 
band a practical upper limit of 12,000 cycles, 
due to the very small energy remaining in speech 
above that point. 

Since only one band at a time could be meas- 
ured, it was necessary to correct for possible 
changes in voice level. For this purpose a 
Grassot fluxmeter, preceded by a linear rectifier, 
was connected to the line ahead of the filters, 
measuring the average pressure of speech as a 
whole in alternate 15-second intervals.” In this 
way measurements in the different bands, for a 
given speaker, were reduced to a constant voice 
level. The samples of speech used for the different 
bands were not identical, but were similar, and 
each long enough to reduce the differences to an 
amount much smaller than those found between 
different speakers. 


PEAK PRESSURES IN ONE-EIGHTH-SECOND 
INTERVALS 


Some preliminary data of this type, for speech, 
were reported earlier,! and the apparatus has 
been described in connection with measurements 
on music.’ Briefly, ten Thyratrons were arranged 


2 This device was formerly used for measurements in 
bands, as well, but was discarded in favor of the more sig- 
nificant types of measurement reported in this paper. See 
references 1 and 3. 

3Sivian, Dunn, and White, “Absolute Amplitudes and 
Spectra of Certain Musical Instruments and Orchestras,” 
J. Acous. Soc. Am. 2, 330 (1931). 





2 ee 


LLL 


ES ee CS Ee 








to | 
apa 
reg’ 
At 
vol 
the 
Me 
for 
tio! 
rea 
one 
pre 
to | 
Re 
me 
cor 
dra 
Int 
sele 
spe 
wo 
in | 


sam Abn tG@etes® ane Gas 


cor 
pos 
bat 
an 


pre 
ea 


din 


ba 





10le 
are 
ncy 
the 
ind 


ore 


sed 
ive 
Sa 


his 
ch 


as- 


ble 


er, 
rs, 


his 
ra 
ice 
ont 


nd 


en 


ch, 
1as 
nts 


red 


; in 
sig- 


See 


and 
” 
is, 





EE ee ey 


STATISTICAL 


to strike for instantaneous input voltages 6 db 
apart, a relay and counter (of the message 
register type) being connected to each Thyratron. 
A timing circuit exposed the tubes to the speech 
voltages for one-eighth second, then extinguished 
them, and repeated four times per second. 
Measurements in a given band were continued 
for 2.5 minutes, during which 600 peak observa- 
tions were made. At the end of the run, the 
reading of each counter gave the number of 
one-eight-second intervals in which the peak 
pressure in the band exceeded that corresponding 
to the striking level of the associated Thyratron. 
Reducing this number to percentage of total 
measured intervals, it was plotted against the 
corresponding peak pressure and a smooth curve 
drawn through the points for the different tubes. 
Interpolations were then made for a set of 
selected percentages. Composites for the different 
speakers were made (separately for men and 
women) by averaging arithmetically the levels 
in decibels at each of these percentages. 

The results are given in Figs. 1 and 2, where 
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Fic. 1. Peak pressures in one-eighth-second intervals of 
conversational speech, at 30 cm from the mouth: com- 
posite from the voices of 6 men. Measurements were in the 
bands indicated by the divisions of the frequency scale, 
and the percentages are those of intervals having peak 
pressures greater than the indicated ordinates. 


each vertical row of points represents the com- 
posite of runs in one band of frequencies, the 
divisions of the frequency scale showing the 
band limits. Corresponding percentages in differ- 
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ent bands are connected by straight lines, but 
these are not to be taken as continuous functions 
of frequency. If peaks are desired in bands other 
than those shown, it is suggested that the most 
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Fic. 2. Peak pressures in one-eighth-second intervals: com- 
posite from the voices of 5 women. 


probable values would be obtained by taking the 
square of peak pressure, in a limited frequency 
region, as proportional to the band width in 
cycles per second. This would be the case where 
the single-frequency components occurring simul- 
taneously are equal, and spaced at equal 
frequency intervals, but with random phase 
relations. 

At the left of Figs. 1 and 2, peak measurements 
on the speech as a whole are given. The r.m.s. 
pressure over a long time interval is also given, 
at the same point of measurement, so that ready 
comparison with peak levels may be made. The 
measurement of this quantity will be explained 
later. 


R.M.S. PRESSURES IN ONE-EIGHTH- 
SECOND INTERVALS 


Figures 3 and 4 give statistical data similar to 
those of Figs. 1 and 2, except that the quantity 
measured in each one-eighth-second interval was 
the r.m.s. pressure instead of the peak. 

The same set of ten Thyratrons was used for 
these measurements, but it was preceded in this 
case by the square-law rectifier and integrating 
circuit shown in Fig. 5. The rectifying tube was a 
triode with indirectly-heated cathode. By selec- 
tion, it was possible to find a tube which followed 
a square law closely over a considerable range of 
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Fic. 3. R.m.s. pressure in one-eighth-second intervals: com- 
posite of 6 men. 


negative grid potentials. Fig. 6 shows the type 
of actual response, compared with the desired 
parabola. In operation, the tube was biased at 
the vertex of the parabola which was found to 
be followed at the higher plate currents; the 
small voltage due to residual plate current was 
then balanced out of the integrating circuit by 
means of the battery and potentiometer shown 
in Fig. 5, a galvanometer being substituted for 
the condenser in making this balance. 

It will be seen that an input voltage, v(t), 
fluctuating within the range of square-law opera- 
tion of the tube, would result in a condenser 
voltage at the end of time 7, given by the 
equation 

T 


Vembe-tine [ et RCy?(#) dt. 
0 


Since the time constant RC was made 1.2 seconds, 
while T was 0.125 second, the exponential in the 
integrand was near unity for all values of ¢, 
and the condenser voltage was a measure of the 
mean square of input voltage during the interval. 
V. was measured by discharging the condenser 
into a transformer connected (through amplifica- 
tion) to the Thyratrons. The intervals between 
the latter, in terms of input to the rectifier, 
became 3 db, instead of the 6 db in the case of 
peak measurement. The timing was again auto- 
matic, four measurements per second being 
made. 

Actual tests of the circuit showed that a range 
of 27 db in r.m.s. values of the input could be 
measured with an accuracy of about 1 db. The 
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Fic. 4. R.m.s. pressures in one-eight-second intervals: com- 
posite of 5 women. 


complexity of the wave did not matter, except 
that (1) the peak factor in any interval should 
not be much greater than 20 db; and that (2) the 
wave must be symmetrical, in the sense that for 
every positive instantaneous amplitude there 
must be an equal negative value. It will be shown 
later (Fig. 8) that the first of these limitations is 
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Fic. 6. Operating characteristic of the rectifier, compared 
with a true parabola. 
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Fic. 7. A. Extreme individuals among the men, showing r.m.s. band pressures exceeded in 10 percent of one-eighth- 
second intervals, relative to unfiltered speech in the same percentage of intervals. B. Similar to A, but for extreme indi- 
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Fic. 8. Ratios of peak to r.m.s. pressures in speech, at 
different frequencies, in one-eighth-second intervals and in 
long intervals. 


satisfied by speech in short intervals, over the 
entire frequency range. As for the second limita- 
tion, it made the circuit unsuitable for such un- 
symmetrical waves as the speech output of a 
carbon transmitter. With the condenser trans- 
mitter, however, and no nonlinear distortion in 
the circuit, it was believed that dissymmetry in 
the speech wave impressed on the rectifier would 
not be sufficient to affect r.m.s. measurements. 
Confirmation of this belief has been made 
more recently, after the development of a true 
full wave rectifier. This has been constructed on 
the same principle as that of Fig. 5, except that 
a second tube has been added, with a “push-pull” 
arrangement on the input side, and a common 
plate resistance. Each tube is provided with its 
own bias, and one of them is further provided 
with an input potentiometer to correct its re- 
sponse to that of the other tube. The character- 
istic thus approaches the complete parabola 
shown by the dotted line in Fig. 6. It was found 
possible to cover a range of 45 db in instanta- 
neous input voltages of either polarity, with an 





accuracy of +1 db. Allowing 20 db for peak 
factor, the r.m.s. range was therefore 25 db, with 
no other restrictions on wave shape or sym- 
metry. To maintain this range it was necessary 
to use a source of high constancy for the biasing 
voltages, to make all adjustments very carefully, 
and to readjust after each run of a few minutes 
duration. Another improvement over the earlier 
circuit was in the use of a larger number of 
Thyratrons, spaced only one-half db apart in 
the upper 7.5 db of the range, and 1 db apart in 
the rest. 

Using this improved arrangement, a new set 
of measurements was made on the voice of one 
of the speakers used in the previous tests. This 
turned out so nearly like the original that it is 
fairly safe to assume the measurements on the 
other speakers were also substantially correct. 

With regard to adequacy of the data, we may 
note that this was a limited statistical study, and 
that individual speakers varied widely. When 
relative values of band pressures, compared with 
whole-speech pressures, were computed for the 
individual speakers of the same sex, differences 
between individuals were found amounting to as 
much as 18 db in some bands. This is illustrated 
in Fig. 7, for the 10 percent r.m.s. data. The 
same order of individual differences was found in 
the peak measurements, and it indicates actual 
differences in voice spectrum. It is apparent 
that our six men and five women did not provide 
a sufficiently large sample to give a true average 
result, within less than a few db, nor were they 
sufficient to discover the most extreme indi- 
viduals. 
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If the data of Figs. 3 and 4 are desired in 
bands other than those given, a rule similar to 
that recommended for peaks may be followed. 
In this case there is little doubt that the mean 
square of pressure may be taken as proportional 


to band width. 


PEAK FACTORS IN ONE-EIGHTH-SECOND 
INTERVALS 


Since we have both peak and r.m.s. pressures 
in intervals of the same length, it is interesting 
to compare them. This may be done in each 
band and at each percentage of intervals. If we 
make the likely assumption that intervals 
arranged in order of magnitude of peaks would 
show the same order of magnitude of r.m:s. 
values, then the comparisons may be taken as 
the peak factors of speech in the intervals. 
The lower curves of Fig. 8 show these factors for 
those intervals exceeded, in peak and r.m.s. 
pressures, 10 percent of the time. Smooth curves 
are drawn in this case, since it would not be 
expected that this quantity would change much 
with changes in band width. There is, however, a 
marked variation with position on the frequency 
scale, which can probably be explained on the 
basis of shorter bursts of speech energy at the 
higher frequencies. 

Factors calculated for other percentages of 
intervals do not differ greatly from those shown 
in Fig. 8 for the 10 percent intervals, except that 
when very low levels (high percentages) are 
reached, the peak factor decreases. 

A lengthening of the interval of measurement 
will of course result in higher peak factors, until 
such a length is reached that there is no longer 
any difference between successive intervals. 
Essentially this limit is shown in the upper 
curves of Fig. 8, where the length of interval is 
the combined lengths of all the short intervals in 
a run, amounting to about 75 seconds of con- 
tinuous speech. The peaks are those found in 
the highest 1 percent of one-eighth-second in- 
tervals, while the r.m.s. pressures are found by a 
summation of all the short-interval mean-square 
measurements in each band. 


R.M.S. iN ONE-FOURTH-SECOND INTERVALS 


The one-eighth-second interval, used in the 
preceding work, was chosen as being of the same 
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order of magnitude as the length of a syllable. 
(Of course the intervals measured did not often 
contain exactly one syllable, since they were 
picked from the continuous speech in a quite 
random manner.) If a longer interval were used 
we would expect a more concentrated distriby- 
tion of levels measured in the intervals. The 
effect has been tested for r.m.s. pressures jn 
one-fourth-second intervals, for a single male 
speaker. The improved square-law rectifier was 
used in these measurements, as well as in 
one-eighth-second measurements on the same 
speaker, and the results are shown in Fig. 9, 
For easier comparison, the form of Fig. 3 has 
not been followed, but distribution curves for 
each frequency band have been plotted sepa- 
rately. 

In most bands, the one-fourth-second curves of 
Fig. 9 are somewhat flatter in the central section 
than the one-eighth-second curves, are lower at 
the high end, and higher at the low end. In other 
words, a more concentrated distribution is shown, 
as expected. In the bands above 4000 cycles per 
second, however, the differences between the 
two curves are small. The steepness of the curves 
indicates relatively infrequent bursts of energy 
at these high frequencies, and it has been noted 
that the higher peak factors probably indicate 
that the bursts are of short duration. The small 
differences in the two distributions are not sur- 
prising under these conditions. To connect these 
bursts of high frequency energy with specific 
sounds, it is known that they come chiefly from 
consonants, the strongest being the sibilants s, sh, 
and combinations of these with other sounds. 


LONG INTERVAL R.M.S. PRESSURES 


It has already been mentioned that the short 
interval r.m.s. measurements in a given run may 
be integrated to give a long interval value. For 
this purpose the mean-squares of short interval 
pressures are plotted (arithmetically) against the 
corresponding time fractions, and the area under 
the curve measured. This has been done for each 
speaker, in each frequency band, the results 
reduced to decibels, then averaged over the 
different speakers. In Fig. 10 a further division, 
of mean-square pressure by band width, has been 
performed, so that the horizontal line in each 
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band represents the composite of mean-square 
pressure per cycle. Smooth curves are then 
drawn in such a way that, if the squares of 
pressure were integrated over the frequencies of 
each band, the result would be the same as for 
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Fic. 9. Comparison of r.m.s. pressures as measured in one-eighth and one-fourth-second intervals, 
for a single male speaker. 


the straight line. Of course the particular shapes 
given these curves within the bands are some- 
what conjectural. It would be necessary to use 
narrower bands in order to determine them more 
exactly. 
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Fic. 10. Composite spectra of long interval speech pres- 
sures, 30 cm from the speakers’ lips. 


Summations of short intervals measured in 
unfiltered speech give the values marked “long 
r.m.s.’’ in Figs. 1 to 4, viz., +2.0 db for the men 
and —0.8 db for the women, with reference to 
1 dyne per sq. cm at the 30-cm distance. These 
may be compared with the result of integrating 
the curves of Fig. 10 over the frequencies of the 
entire range, which are +1.3 db and —1.8 db, 
respectively. The small differences are an indica- 
tion of the quality of the filters, and the accuracy 
with which the upper limit of one is matched 
with the lower limit of the next. 

A method of measuring the r.m.s. of speech 
directly, in intervals 15 seconds long, has 
recently been reported. This method, making 
use of a vacuum thermocouple connected to a 
Grassot fluxmeter, is much more convenient 
where long interval measurements only are de- 
sired, than the method of measuring in short 
intervals and integrating. The two methods, 
however, gave results so nearly alike, in the one 
instance where they were used simultaneously 
(in obtaining the data of Fig. 9), that we have 
found it unnecessary to make fluxmeter measure- 
ments on the other callers of the earlier tests. 
The differences in the one case mentioned were 
found not greater than 0.5 db, where a long 
enough run was taken to minimize the sampling 
error. The length of run used in obtaining the 
data of Figs. 3 and 4 (viz. 600 short intervals) 
was sufficient to reduce the error to this amount, 
in all but the three bands above 4000 cycles. 


4H. K. Dunn, “Use of Thermocouple and Fluxmeter for 
Measurement of Average Power of Irregular Waves,” Rev. 
Sci. Inst. 10, 362 (1939). 
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In those bands the error may have been as large 
as 1.5 to 2.0 db for a given speaker, but should 
be reduced in the composite. In any case, the use 
of a different set of speakers for the tests would 
probably change the curves by more than that 
amount. 


SPECTRUM OF AVERAGE TOTAL SPEECH Power 


All of the data given thus far, including those 
of Fig. 10, apply to measurements of pressure at 
the single point, 30 cm directly in front of the 
lips of the speaker. In a recent investigation of 
the variation of speech pressure with position in 
the field,> a method of converting pressures at a 
point into total speech power (radiated in all 
directions) was proposed. This method (Fig. 13 
of the paper referred to) is based on actual 
measurements in many directions, and provides 
different conversion factors for different fre- 
quencies, as well as one for speech as a whole. 
Application to the curves of Fig. 10 gives the 
spectra of total speech power shown in Fig. 11, 
The curves showing microwatts per cycle, in db, 
are the more detailed, but interesting also are 
the integral curves, showing percentage of power 
lying below any given frequency. 

The conversion factor for unfiltered speech is 
+13.3 db. That is, application of this figure to 
pressure measured in dynes per sq. cm, 30 cm in 
front of the mouth, gives power radiated in all 
directions, in microwatts. The result for the com- 
posite of men is 34 uw, and for the women 18 uw. 
If these amounts are found somewhat larger than 
those given in the past (10 uw has been men- 
tioned frequently) it may be said that the new 
method of calculating total power gives a result 
2 db higher than under an assumption of uniform 
radiation over a hemisphere. It is also significant 
that the variation between individual speakers 
is large. Thus, the six men ranged from 9.8 to 
91 ww, and the extremes of the women were 8.1 
and 55 uw, although each speaker talked at a 
supposedly normal level. 

It will be understood that ‘‘long interval,” as 
applied to r.m.s. pressure and average power, 
means more than a minute of continuous speech, 


5H. K. Dunn and D. W. Farnsworth, ‘‘Exploration of 
Pressure Field Around the Human Head During Speech,’ 
J. Acous. Soc. Am. 10, 184 (1939). 
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all natural pauses between syllables and sentences 
being included. Of course short interval power 
may also be calculated, and if this be done for 
the highest 1 percent of one-eighth-second in- 
tervals of unfiltered speech, average powers of 
930 and 150 uw are obtained for the composites 
of men and women, respectively. The corre- 
sponding peak powers are 3600 and 1800 uw. 
The highest individual (one of the men) had an 
average power, in 1 percent of the intervals, of 
560 uw, and a peak power of 9800 uw. 


THE MEANING OF “SPECTRUM” 


It may be well to observe, at this point, that 
there are other ways in which the distribution of 
speech energy over the frequency range might 
be expressed. For example, it could be given in 
microwatts per octave, instead of per cycle, and 
the resulting curve would show less difference 
between the levels of the low and high frequen- 
cies. The choice should be based on practical 
considerations. The term “‘spectrum’”’ has been 
applied frequently to speech, and it is helpful 
to consider the exact meaning of this term. In 
optics, it is usually applied to a steady state, 
and where there are definite frequency com- 
ponents (a “‘line’’ spectrum) these frequencies 
and their relative amplitudes are indicated. In 
speech, analysis of a single vocal cycle gives a 
similar picture, but this picture is continually 
changing, often appreciably from one cycle to 
the next. What is desired, in a statistical analysis, 
is an average spectrum over the interval of obser- 
vation, not forgetting the nature of the momen- 
tary spectrum. 

For voiced sounds, this nature is that of a 
fundamental and a set of harmonics, reenforced 
in certain regions, but spaced at equal frequency 
intervals, so that the number of components in 
a band at a given instant is proportional to band 
width. The r.m.s. measurements described in this 
paper are actually integrations of the powers of 
the components, both over the frequencies of the 
band, and over the time interval of the measure- 
ment. Then the division of this measured quan- 
tity, by band width in cycles per second, gives a 
figure which is proportional to the average power 
of the individual speech components in the 
region. 
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It is convenient, therefore, to apply the term 
“spectrum” to that amplitude function of fre- 
quency, a(f), which is defined in the equation 


f? 
s= f adf, 
f 


1 


where s is the mean-square of pressure over an ° 
interval of time, in the band of frequencies f; to 
fe. The average power in the interval, and the 
total energy, are related to s by constant factors. 
To define a in words, it is the square root of the 
limit, as band width approaches zero, of the 
quotient of mean-square pressure divided by 
band width in cycles per second. This definition 
is independent of the momentary nature of the 
energy distribution, and therefore applies equally 
well to voiced or unvoiced sounds. 

Of course it would be quite legitimate, instead 
of frequencies in the above equation, to use 
logarithms of frequencies, or any other con- 
venient function, providing that the resulting 
curves were consistently used in any application. 
We should then, however, lose the special 
physical significance of a in the case of the voiced 
sounds, as being the average amplitude of the 
speech components in the region. 

Although it has been convenient to use 
logarithmic units in plotting, the curves of Figs. 
10 and 11 are “spectra,” in the meaning of the 
above definition. Figs. 1 to 4, however, have been 
left purposely in the quantities actually measured 
in the different bands. This was due to some 
uncertainty as to the effect of phase relations, in 
the case of the peaks, although a rule for con- 
version has been suggested. 
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Fic. 11. Composite spectra of average total speech power. 
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Fic. 12. Comparison of the long interval speech spectra 
with the data of Crandall and MacKenzie. 


COMPARISON WITH CRANDALL AND MACKENZIE 


Long interval speech spectra, of the same type 
as those shown in Fig. 11, were obtained by 
Crandall and MacKenzie in 1922,° and have been 
used so extensively that a comparison is in order. 
The curves of Fig. 11 have been put on a purely 
relative basis in Fig. 12, by dividing power per 
cycle, at each frequency, by the integral over 
the whole range. The Crandall and MacKenzie 
data have also been plotted, in logarithmic units 
(reference being made to their original data for 
this purpose, rather than to the published 
curves). Where differences occur, greater weight 
should be given the later work, for the following 
reasons: (1) use of methods applicable to longer 
samples of speech, spoken naturally; (2) higher 
gain amplifiers, permitting more accurate meas- 
urement at high frequencies; (3) use of free-field 
microphone calibration, not available in 1922; 
(4) larger number of speakers; (5) speech meas- 
ured at 30 cm from the mouth, rather than 2.5 
cm. 
The small distance used by Crandall and 
MacKenzie is probably responsible for the higher 
powers which they measured at low frequencies. 
As has been shown in a recent publication,® the 
puffs of air accompanying speech, striking a 
microphone close to the mouth, cause frequencies 
to be generated which are not in the original 
speech. In comparison with speech, these extra- 
neous sounds are strongest at low frequencies. 
Thus, in Fig. 12, the peak in power per cycle at 
100 cycles is probably not typical of male voices, 
although one of the speakers in the present 
investigation had the maximum power per cycle 
at near this frequency. In this connection, we 
should like to emphasize again the wide variation 


6J,. B. Crandall and D. MacKenzie, “Analysis of the 
Energy Distribution in Speech,” Phys. Rev. 19, 221 (1922). 
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between individual voices, and have indicated in 
Fig. 12 points obtained for the extreme individ. 
uals in each band. 

In the data for women, the two measurements 
show maxima at near the same frequency, but 
the Crandall and MacKenzie curve also shows 
a fairly high energy level at 75 cycles. This was 
again probably spurious, due to the close-talking 
conditions. At 30 cm we were unable to measure 
any pressures for women in the bands below 125 
cycles, in the presence of the unavoidable noise 
at these frequencies. The noise level itself in the 
62.5- to 125-cycle band, would be plotted at —44 
db, in the units of Fig. 12, and the speech was at 
least that low. In view of the uncertainty due to 
noise, we have not carried our curves below 
125 cycles for the women, or 62.5 cycles for the 
men, although it is probable in both cases that 
the real speech energy drops to extremely low 
levels. 


INSTANTANEOUS PRESSURES 


A curve showing the time distribution of in- 
stantaneous pressures in speech, for male voices, 
was given by Sivian! in 1929. The data for this 
curve were obtained statistically, by means of a 
small condenser connected across a line carrying 
speech. The condenser could be suddenly dis- 
connected, and, its impedance being high com- 
pared with that of the line, its charge would have 
a voltage equal to that of the line at the instant 
of separation. This voltage was then measured 
by discharging the condenser into an inductance 
connected to an amplifier, rectifier, and ballistic 
meter. Switching operations were performed by 
hand, using mercury contacts, and the meter 
read by eye. Due to low damping in the discharge 
circuit, charges of opposite polarities gave nearly 
equal readings. 

More recently, automatic apparatus involving 
the same principle has been constructed, in- 
creasing the rate at which data can be obtained 
about 17 times. Thyratrons and _ electrical 
counters record the condenser voltages, at the 
rate of four per second. The arrangement of 
Thyratrons is similar to that described for peak 
measurements, except that 31 of the tubes are 
used, arranged in 15 steps of 2 db each, plus 15 
steps of 1 db each for the upper part of the 
range. The total range is therefore 45 db. Relays 
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are used for switching, and since higher contact 
resistances are involved than was the case with 
the hand switching, it is necessary to discharge 
the condenser into a high resistance (0.02 uf into 
10,000 ohms) in order to obtain reproducible 
results. To make the measurements independent 
of polarity, two equal condensers are used. These 
are in series across the (600-ohm) line, are both 
disconnected at the same instant, but then dis- 
charged separately, one after the other, in 
opposite directions. Thus one or the other always 
has the right polarity to strike the Thyratrons. 
Both condensers are then shorted momentarily, 
to remove any residual charges before returning 
them to the line. An arrangement of relays, 
operated by a motor-driven commutator, per- 
forms the various operations in proper order. 
Tested with pure sine waves, the apparatus will 
give the correct distribution of amplitudes up to 
10,000 cycles per second. 

This apparatus has been applied chiefly to 
speech in commercial telephone circuits, the data 
obtained being valuable in the design of equip- 
ment used with multi-channel circuits.? Only a 
few measurements have been made, to date, 
under the conditions outlined at the beginning 
of this paper, such that they could be expressed 
in terms of pressures in the field in front of the 
speaker. An example is given in Fig. 13, obtained 
from 5000 observations of instantaneous pres- 
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Fic. 13. Distribution of instantaneous pressures in the 
unfiltered speech of a single male speaker. Distributions of 
peak and r.m.s. pressures in one-eighth-second intervals, 
for the same speaker, are also shown. 





_ 7B. D. Holbrook and J. T. Dixon, “Load Rating Theory 
=_— Amplifiers,” Bell Sys. Tech, J. 18, 624 
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Fic. 14. Distributions of instantaneous amplitudes in an 
orchestral selection, and in thermal noise. The latter 
approaches very closely a normal probability distribution. 


sures, in the speech of a single male speaker, no 
filter being used. For comparison, distribution 
curves of peak and r.m.s. pressures in one-eighth- 
second intervals are also given, for the same 
speaker. All are given in terms of the long r.m.s. 
pressure, that for the instantaneous measure- 
ments being obtained simply by plotting squares 
of amplitude and measuring the area under the 
curve. The average pressure of the instantaneous 
measurements can also be calculated, from the 
area under a curve of first powers of the ampli- 
tudes. The result of this calculation is shown in 
Fig. 13. It is 5.9 db below the r.m.s. value, for 
this speaker. 

The curves of Fig. 14 do not apply to speech, 
but are added as interesting applications of this 
type of measurement. One is the distribution of 
instantaneous pressures found for an orchestra, 
playing in a large theater. At the higher levels, 
this curve is not greatly different from that given 
for speech in Fig. 13, but it shows greater per- 
centages at the lower levels. Of course its shape 
would depend a great deal on the character of 
the music played, and at the low end it would be 
affected by reverberation in the room. 

The other example given in Fig. 14 was 
obtained from 3000 observations on thermal 
noise, the source being a 1000-ohm resistance 
connected to a high gain amplifier. The curve in 
this case was plotted from the equation 


i ae 
t=1-— a(—f ee ‘tv), 
v2 0 
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The part within the parentheses will be recog- 
nized as the probability integral, v being the ratio 
of instantaneous to r.m.s. amplitude. This is 
doubled because of the indiscriminate treatment 
of positive and negative voltages, and subtracted 
from 1 because ¢ is the fraction of time spent 
above any amplitude, rather than below. The 
experimental points corresponding to the readings 
of the counters are plotted along this curve, and 
it will be seen how closely the thermal noise 
amplitudes follow a normal probability distri- 
bution. This may be regarded as a test of the 
apparatus. 


PossIBLE EFFECTS OF PHASE DISTORTION 


While the system, used in converting the 
acoustic wave to an amplified electric wave, was 
fairly uniform in response over the frequency 
range, no attempt was made to eliminate phase 
distortion. It is probable that such distortion 
was present in appreciable amounts, particularly 
where filters were used. This would not affect 
full wave r.m.s. measurements. It might affect 
half-wave r.m.s. measurements, but of those 
reported one voice was checked with full wave 
data in two different forms (in short intervals 
with vacuum-tube rectifier, and in long intervals 
with thermocouple-fluxmeter). 

Peak values might be appreciably affected. 
With regard to the higher bands, where a 
number of speech components are present simul- 
taneously, it is probable that phase relations are 
more or less random, either with or without 
distortion. In the lower bands, however, and in 
the unfiltered speech, it cannot be stated defi- 
nitely that different peak amplitudes would not 
be obtained with a system having different phase 
characteristics. In the unfiltered speech this 
would apply more particularly to the higher 
peak values, which are due to vowel sounds 
having the strongest components in the region 
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below 1000 cycles per second. It would also apply 
to the upper part of the curve of instantaneous 
amplitudes, Fig. 13. The ‘‘long average’’ calcy- 
lated from that curve might also be changed, but 
not the “‘long r.m.s.”’ 

While the changes due to phase distortion are 
not likely to be greater than those which would 
be observed in’ going to a different group of 
speakers, it is possible that they may be system. 
atic in direction, for all speakers. Another 
possibility is that even if there were no phase 
distortion, the highest peaks on the two sides 
of the wave might not be of equal magnitude. 
Such dissymmetry of speech peaks has some- 
times been observed, the higher peaks usually 
occurring on the condensation side. With regard 
to the peak measurements reported here, it is 
not known at present which polarity was used. 
In the bands, this question is probably of less 
importance than that of relative phases of the 
components. In the unfiltered speech, the dis- 
symmetry of peaks would also be affected by 
phase distortion, though probably to a smaller 
extent. 

Perhaps these questions can be more fully 
investigated in the near future. For the present, 
it is doubtful whether measurements of peaks of 
speech, exactly as they occur in the acoustic 
field, would be much more useful than those 
given here, since transmitting or reproducing 
systems to which they might be applied are 
almost universally without phase correction. 
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Interaction Impedance of a System of Circular Pistons 


S. J. KLAPMAN 
Jensen Radio Manufacturing Company, Chicago, Illinois 


(Received August 4, 1939) 


Curves have been calculated for the total radiation resistance and reactance of a single 
circular piston as a function of frequency when another circular piston is vibrating in the same 
infinite plane, the distance of separation of the two pistons being a parameter. The curves 
shown are for equal velocity amplitudes and for phase differences of 0° and 180°. These results 
enable one to calculate the impedance of a piston when there are present an arbitrary number 


of pistons in arbitrary phases. 





ape two pistons, vibrating in the same 
infinite plane, radiate into a semi-infinite 
medium, there is an interaction between them. 
Wolff and Malter! have obtained an approxima- 
tion for the dissipative part of this interaction 
when the pistons are in phase. In the present 
paper an exact expression is obtained for the 
dissipative part, and in addition the reactive 
part is evaluated. From such a calculation of 
both parts of the interaction for two pistons, the 
complete interaction of any number of pistons 
with arbitrary phases can be found directly. 


GENERAL THEORY 


The velocity potential d¢ at a point distant r 
from an element of area dS vibrating with fre- 
quency w/27 in an infinite plane and radiating 
into a semi-infinite medium is given by? 


Veilot—kr) 
dp¢=——_—_-S, (1) 


2ur 


where V is the velocity amplitude of the ele- 
mentary area dS, k=w/c, and c is the speed of 
sound. The potential at the point in question due 
to the entire piston is, therefore, 


V e7 thr 
o=—eiw! J dS, (2) 


2 r 





and the acoustic pressure’ at this point is 


11. Wolff and L. Malter, Phys. Rev. 33, 1061 (1929). 

*Lord Rayleigh, Theory of Sound (1929), Vol. II, p. 162. 
The formulas connecting velocity and pressure with the 
velocity potential are opposite in sign to those employed 
in this paper. 

* The absolute value of p is the pressure amplitude while 
the phase of pexp (—iwt) is the phase angle difference 
between the pressure and the velocity. 
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dS, (3) 


36 ipwVeit p e-ikr 


ot 2a r 


where p is the density of the medium, and the 
integral is over the radiating surface. 

For two pistons, the force fiz on the first piston 
due to the second, when there is a phase dif- 
ference 5, can be written 


i pw V se'(et-8!2) e~ikr 
f= f pdSs= ff dS \dS2, 
12 1 = . 1 2 (4) 


where dS; is an element of area on piston (1) and 
dSz an element of area on piston (2). 

In the same way the force fi; of piston (1) on 
itself is given by 


tpw V et (ot+8/2) e~tkr 
fu= . ff dS,dSj', (5) 
2 r 














where dS)’ is an element of area on piston (1) but 
is to be distinguished from dS,. The total force 
over (1) is thus 


Fy =fitfie. (6) 


The mechanical impedance, that is the total 
force divided by the velocity, is given by 


Z1=2114+212, (7) 


ipw enikr 
su=—f f dS,d 51’, 
2r r 


tpw Ve e~ tke 
212 >—— ad | dS,dSo, 
2r Vi r 


for piston (1). Similarly, the mechanical 


where 





and 








im- 
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pedance that piston (2) looks into is 


Z2=221 +229, (8) 
where 
tpw V e—tkr 
223 =— —e® J J «sas. 
27 Ve 
and 


1pw e~ ikr 
maf fa —d Sd S82’. 


The first term in (7) or the second in (8), is 
given by a well-known formula developed by 
Lord Rayleigh,‘ 


Ji\(2ka)] tpw 
=ratp 1 | xvcee), (9) 


ka 





where J;(2ka) is the Bessel function of order one, 
a is the radius of the circular piston, and 


ase | 6 a 
ae rs eee | 
Fis SS F-5*-7 
Equations (7) and (8) when applied to circular 
pistons of the same size involve the integral 


ikr 
I(o, 6) = f—s. 


it eik[R2+f2—-2ER cos n)? 
0 “0 


where, as shown in Fig. 1, ¢ and @ are polar coor- 
dinates with origin at the center of piston (1), ¢ 
and 7 are polar coordinates with origin at the 
center of piston (2), and R?=d?+0o*—2ed cos 8, 
d being the distance between the centers of the 
pistons. If an impedance density is defined as 
u=(tipw/27r)I, then 








¢dédn, (10) 


[R?+ ¢? id 2¢R cos 7} 


4 Reference 2, p. 164, Eq. (10). 
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where the subscript 2 indicates the impedance 
density due to piston (2). The restriction to equal 
radii of the pistons simplifies the calculations con- 
siderably, but the methods to be developed are 
applicable to the case of unequal radii. 


METHODS FOR THE EVALUATION OF 
IMPEDANCE DENSITY 


The problem with which we are now concerned 
is the evaluation of the integral J or the im- 
pedance density, for which a number of different 
methods will be considered. The imaginary part 
of J can be obtained by a series expansion of the 
integrand and term by term integration. Thus 
expanding e~‘*"/r gives 


e—ikIR2+$2—2ER cos 9] } 


[Re+i° 


~2¢R cos a? 
kL R?+ 5° —2¢R cos n]" : 
=5 (-1)»— 
n=0 (2n)! 
Rent R24 £°—2¢R cos 4 " 
+i (—1)44 ——— 2 
n=0 (2n+1)! 


With ¢/R=z, and w=cos 7, we can write 


[R?+¢?—2¢R cos n "= R2"[1—2(2u—2) }" 





n n! 
=R*Y(—1)———[2(2u—2) 
r=0 ri(n—r)! 
n! 
Re ¥ (-1) Du)rrsrtr, 


(—p)n—nip! 


and rearranging after setting r+p=l/, gives 


r=0 p=0 


21 m 
[R?+¢°—2¢R cos n]"=R*"d Y (—1)! 


l=0 p=0 
2'-2py! 
x: icici = 
(L—2p)'(n—1+ p)!p! 
where m=34/ when / is even and 3(/—1) 
is odd. 

In expanding [R?+¢2—2¢Rcos 7 |""' it is 
necessary for absolute convergence to have 
2|¢/Rcos n| +)|?/R?| <1, a condition which 
permits the rearranging of the series. There is 


l—2pel 
ra 


(11) 


when | 


thus introduced an unwanted restriction and, 
what is more serious, an unmanageable infinite 
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series results. Therefore in (10) only the imag- 
inary part SJ of the integral will be considered. 
Substituting from (11) into (10) gives 


‘i Bent Ren 2 - 
sl =i (—- 1)1___ >> +H 
2 (2n+1)! t=0 p=0 
2'-2py! 


2r a gett 
eeeniean u!2»-_d¢dn 
<tepinapih J 


Pp (= 1) Ig2l+2 R2n—21 


Saat 





=? —G2,", (12 
rid 2 (2n+1)\(04+2) on 
where 
l n! 
G n— — os 
wn 21+ py pL pt 
n*(n—1)?--+-(n—I1+1)? 
= . - —_———. (13) 
(1!)? 


The real part Rfi2e~***/®) of fire" /®) can 
now be obtained by substituting in (12) the 
value of R in terms of o and @ and integrating 
over piston (1): 


n n—l 


Rfrse ot!) = 2ra*pw lh Ad OL (-1)" 


n=0 l=0 j=0 


21-2; 


pnt 1g2l+: 27q2n- 
al Ge,"Go;"" L 


*an-+1) 21+ 2)(25+2) 





(14) 


If the pistons are in phase (6=0) and have the 
same velocity amplitude (V;= V2) the dissipative 
part of the interaction impedance or radiation 
resistance is 


oa) n n—l 
Rz12=2mra*%pc>d> >> > (-—1)” 


n=0 l=0 j=0 


p2nt2q2l+2j+2q2n—2l-2j 





— --- ——G2:"Go;'. (15) 
*On-+1)! (21+-2)(2j+2) 
Setting d=0 in (15) gives 
(2x)? (2x)* (2«)° 
R232= 7a? pc _ : mee’ | 
2:4 2-47-6 2-4*-6?-8 





J,(2x) 
= pcra |! — -| 


x 


where x=ka, which agrees with the real part of 


the Rayleigh formula (9). 
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Both real and imaginary parts of IJ can be 
evaluated by a direct integration making use of 
an approximation method developed by Bartky® 
for calculating a generalized complete elliptic 
integral. This method employs the rapid con- 
vergence of sequences of arithmetical and geo- 
metrical means to a common arithmetico-geo- . 
metrical mean and gives for the third-order 
approximation 


/2 F(r) vs 
J —dg=— {}[ Fm) + F(n)] 
0 r Sate 

+ F(n:)+F(m')+F(n’)}, (16) 
where 


r?=m?’ cos? ¢+n? sin? ¢, 


m+n} 2(mn)*)3 
m= (~— ) (mn) 4 1 -—— | 
2 m+n 
m+n 2(mn)*)3 
v=("") (mn)! [1-{1- | 
2 m+n 


and m3 and m,; are members of the arithmetical 
(m;) and geometrical (”;) sequences 





m;=3(miitnis), ni=(mi_yni)! 


with mp=m, no=N. 
After a simple transformation 


2x g—ikr r/2 g—ik[(R+$)?—4$R cos? PSE 
— ae 
0 0 L(R+$)?—46R cos? ¢]} 


(17) 





which is of the form (16) with m=R—¢, and 
n=R+¢. If m3=n3, (16) is exact. From examin- 
ing the expressions 


1 ce 4,2 1 c 
m=-R\1+(1- =) =R{1-—— 

4 R? 4 R? 
1 5 2 ta 3 
——( -) ~0.01297(—) at 
2 32\R* R? 


1 A c2\4)3 
n3=- r(1—— {1+(1-=) 
v2 R* 
i ¢? 5 2 c 3 
1---—(—) ~0.1272(—) at 
4R? 32\R R’ 


"8 W. Bartky, Rev. Mod. Phys. 10, 264 (1938). 


=r 
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it is at once seen how excellent is the convergence 
of the arithmetical and geometrical means to a 
common arithmetico-geometrical mean. Thus m; 
diverges most from uz; when (=R, where n; 
differs from ms; by approximately 0.1623R. For 
R=2¢, the difference between m3; and nz3 is 
approximately 0.0062R. 

After using (16) for the evaluation of (17), 
I(c, 6) becomes 


El |(-E)] orem 


+e- ikR (1— $?/R*) $4 Qe— ikR(1— t2/R2)% 


x n(s-£)[-(+-£) To 


The evaluation of this integral has been carried 
out by applying Simpson’s rule with six divisions, 
giving the acoustic pressure at a point or the 
impedance density due to a circular piston. 

When R=a, the approximation, which is at its 
worst, can be compared with the known theo- 
retical value for the pressure at the edge of a 
circular piston,® namely 
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zero. The approximation gives 0.746paw for the 
reactive part of the impedance density as against 
the theoretical value of 0.637 paw for k=0. There- 
fore, for R=a, the theoretical value will be used 
instead of the approximation. 

An alternative method for the evaluation of 
both the real and imaginary parts of J, based on 
an expansion of é~‘*"/r in cylinder functions and 
Legendre polynomials will next be given. The 
expansion used is® 


x fy (kg 
"= Fangs), (cos n), 
0 1tkR 





(20) 


where 
R>&, fr(ko) =gx(RR)vrlkO), Va= (27x) Si; (x), 
grx(x) = (34x) *LIn44(x) +7(— 1)*J_y-4(x) J, 


and P),(cos yn) are the Legendre polynomials. 
With this expansion, J becomes 


juny 
ikR 


A=0 0 


walkodr f P (cos n)dy 
0 




























6 See for —= W. McLachlan, Phil. Mag. 14, 1012 
(1932), Eq. (18). 

7™N. W. McLachlan, Bessel Functions for Engineers 
(1934), p. 65. 








ates =H) —f Yalkodt, — (21) 
p=- {1—Jo(2x)+iHo(2x)}, (19) = 
. where 
where x= ka, Jo(x) is the Bessel function of order . 3+++(2X\—1)7? 
zero, and Ho(x) is the Struve function’ of order Ky=|- ca 2 
Using the infinite series for J2,i;(x) gives 
a a “és (—1)"(Rka)?§++2r 
f va@nar= : —_— 
, (4N+-1)(44—1) ++ +3-1 rao 27+1(A+14+7)r!(404+3)(44+5) +++ (444+2r4+1) 
aL(ka) 
= og (22) 
(4\+1) 
where 
i (—1)"(ka)29+1+2r 
L)(ka) = —> - ; (23) 
(44 —1)(4A—3)++-3-1 ro 27+1(A+1+7)r'(40+4+3)(4A+5)+ ++ (4442741) 
Thus the acoustic pressure at a point distant R inud gine “ = 
from a circular piston and in the same plane is aba ra * a te paw Ve" KyLa(ka) 


which gives for the impedance density 


8H. Bateman, Partial Differential Equations (1932), p 
88. 
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ipw a @ 
“e=—_I= pc— _ K,L)(ka)go,(RR). (24) 


T R A=0 


In order to form an idea of how we in (24) 
varies at low frequencies with R, (24) may be 
written out in detail. It will then be seen that the 
term with the smallest exponent of & in the real 
part is independent of R. Since for low frequen- 
cies, the term that is most important is the 
lowest power of the frequency, the real part of 
us is fairly constant with R. Thus an arithmetic 
average of the real part of “2 over three points of 
a second circle, for example the two edges and 
center, gives the real part of the interaction im- 
pedance 212 divided by the area of the circle. 
This type of averaging cannot be used for the 
imaginary part. 

Setting R=a in (24) gives 


oc} (ka)* _ (ka)® 
- = a 
= pc{1—J)(2ka) }, 








which agrees with (19). The imaginary part of 
u, cannot be obtained as easily, since in (24) the 
coefficient of each power in the imaginary part 
is an infinite series. 

With the present method a convenient ex- 
pression is obtained for the accession to inertia 
mp at a point, defined as 3u2/w. From (24), for 


k=0, 
pa? » Ky a\2a 
Mp = p » ( ) ; 
2Rr»=-0A+1\R 


For R=a this series is convergent,? and a com- 
parison test shows it to be therefore also con- 
vergent for R>a. However, when R=a, the 
convergence is so slow that up to and including 
\=19, (25) gives 0.628pa as compared with 
0.637 pa obtained from (19). 





(25) 


COMPARISON OF CYLINDER FUNCTION 
EXPANSION WITH THE BARTKY 
APPROXIMATION 


In Table I the values of the real part rp of 
the impedance density u are given as calculated 
by the cylinder function expansion and by the 


ee and Watson, Modern Analysis (4th edition), 
p. 23, 
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TABLE I.* 
| R=2a R=3a R=4a | R=5a 
Tp (Tp Tp rp Tp Tp Tp Tp 
sis Gaz Guise is we 
0.0 |o 0 | 0 0 0 oo 


0.1 |0.00497 0.00497 |0.00493 0.00493 | 0.00488 0.00486 | 0.00480 0.00479 








2/| .0194 0194 | .0188 .0188 0179 0179 0168 0168 
3 | .0421 0421 | .0390 .0389 .0350 0346 0298 0297 
4/| .0710 .0704 | .0613 .0614 0493 .0493 0362 .0360 
5 | .103 -103 0813 = .0817 0560 0557 0298 0296 
6 | .136 136 0950 .0950 -0500 0495 -00902  .00898 
7 | .166 -166 0977 .0978 0298 0292 |—.0222 —.0222 
8 | .187 191 0857 = =.0875 |—.00290 —.00912 |—.0540 —.0551 
9 | .207 207 0637 = 0636 |—.0425 —.0421 |—.0794 —.0793 
1.0 | .213 213 0275 0276 |—.0815 —.0805 |—.0854 —.0854 











* The values of the real part of the impedance density (rp) obtained 
by the cylinder function expansion compared with those obtained by 
the Bartky method (subscript B). 





























TABLE II. 
R=2a R=3a R=4a R=5a 
"Pp (==) Sp (=) mp (=) mp (=) 
ka pa pa /B) pa pa /B| pa pa /B\ pa pa /B 
0.0 | 0.258 0.259 0.169 0.169 | 0.126 0.126 0.101 0.101 
0.1 254 254 161 .162 116 116 .0882 .0882 
2 .238 238 .140 .140 .0879 .0873 .0544 .0544 
3 213 214 .106 106 .0463 0461 .00773 .00773 
Al} 181 181 .0627 .0626 |—.00203 —.00213/—.0402 —.0402 
5 142 145 0151 0151 |—.0492 —.0490 |—.0772 —.0773 
6 .0983 .0989 |—.0326 —.0326 |—.0875 —.0869 |—.0947 —.0948 
7 .0531 .0526 |—.0762 —.0761 |—.111 —.110 |—.0891 —.0892 
38 .00625 .00606);—.109 —.111 |—.114 —.115 |—.0618 —.0619 
9 |—.03887 —.0392 |—.135 —.135 |—.103 —.102 |—.0212 —.0211 
1.0 |—.0800 —.0802 |—.146 —.147 |—.0753 —.0742 .0228 .0230 








* The values of accession to inertia density (mp) obtained by the cylinder func- 
tion expansion compared with those obtained by the Bartky method (subscript B). 


Bartky method (subscript B denoting Bartky 
method). In Table II are given the values of the 
accession to inertia at a point (mp). (The case for 
R=ais taken from (19).) It is seen that the agree- 
ment is excellent, any discrepancies which exist 
being due to arithmetical errors. Without tables 
of Bessel functions of half-integral order, the 
Bartky method is the easier to use. 


CALCULATION OF INTERACTION IMPEDANCE 


In order to be able to carry out numerical 
integration over the first piston more values of 
u(R) are needed than are given in Tables I and 
II. Table III gives values for 


Ruz 
T (fa) =— —=)>5 Ky Ly(x)ger(fx), (26) 
a pc r=0 


where x= ka, and R/a=f. 

For numerical integration of a function f(R) 
over the first piston it is convenient to write the 
integral in,the, form (cf. Fig. 2) 
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d+a ,cos—! (R?+4+d?—a?)/2Rd 
2 f f | f(R)RdRdé 
d—a a 


2 2 2 


d+a R?+d?—a? 
=2 f Rf(R) cos“! dR. 


d—a 2 d 





(27) 


Thus using (26) in (24) gives for the interaction 
impedance 


d+a R2+d?2—a? 
si2=2ecaf T cos“! ——dR. 
d—a 2Rd 





(28) 


Using Simpson’s rule in (27) for the evaluation 
of the area (f(R)=1) with four intervals gives 
0.94987a?. However, using the value at d—a for 
that at d— Za, that at d+a for that at d+ a, 
and for each of these the interval a/4, while the 
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other intervals are a/2, the area obtained for the 
circle is 1.02127a? (for d= 2a). The latter method 
was that used for (28). If the results are wanted 
with greater precision, more intervals must be 
taken. For example, the area of the circle using 
Simpson's rule with sixteen intervals is 0.99347a°, 
It is believed that the method of averaging used 
here is an improvement over that of Wolff and 
Malter.?° 

Table IV compares the real part of the inter. 
action impedance or radiation resistance obtained 
by (28) with the exact value as given by (15) and 
an arithmetic average over the edges and the 
center.!° The radiation resistance is represented 
by r when given by (15), by 74 when calculated 
according to (28), and by rw when obtained by 
an arithmetic average. Table V gives the results 
for the imaginary part or the reactance (X repre- 
senting reactance) and the accession to inertia. 
The values in the tables are for the case where 
the phase difference of the two pistons is zero 
(6=0) and the velocity amplitudes are equal 

10 Reference 1. These authors used an arithmetic average 
to obtain the real part of the interaction impedance. The 


points averaged were the two edges d—a and d+a and the 
center d. 


TABLE III.* 




















FIGS. 
















































































ka T (3a) T (2a) T (54a) T (3a) T (7a) | T (4a) T (9a) | T (5a) 
0.0 0 +0: +0i +0i 0+0i 0+0i 040i me Te eee wee 
-1 |0.00747 +0.0527:|/0.00993 +0.0507:|0.0124 +0.04951/0.0148 +0.0484i| 0.0171+0.0474i| 0.0195 +0.0464i | 0.0217 +0.0454i| 0.0240 +0.0441i 
.2 | 0295 + .102i | 0388 + .0953i| .0478+ .0896i| .0563+ .0839i| .0642+ .0773i| .0715+ .0703i | .0781 + .0626i| .0839+ .0544i 
3 | 0648 + .1447 | 0841 + .128% | .101 + .112% | 117 + 09511] .129 + .0761i} .140 + .0555i | .145 + .0339i| .149 + .0116i 
4 | ALL + 1774 | 142) + 1454 | .166 + .1124 | .184 + .0752i| .194 + .0366i) .197 — .00325i| .192 — .0426i| .181 — .0803i 
5 | 167 + .197i | .206 + .142i | .232 + .0840i| .244 + .0226i] .242 — .0392i| .224 — .0983i | .204 — .151i | .149 — .193i Fics 
6 | .228 + .204¢ | .271 + .118% | .291 + .0299i| .285 — .0586i| .253 — .141i | .200 — .210i 27 — .2597 | .0451— .284i 
7 | .292 + .1947 | 332 + .0743i| 333 — .0476i| .293 — .160i | .218 — .251i | .119 — .310i 00387 — 331i |—.111 — .312i 
8 | 348 + .168% | 374 + .0100i| .342 — .139% | .257 — .262i | .133 — .340% |—.0116— 364i |—.154 — .330i |—.270 — .247i 
9 | 412 + .132% | 413 — .0697i| 335 — .244i | .191 — .365i | .0105— .410i |—-170 — .372i |—.316 — .2601 |—.397 — .0953i 
1.0 | .462 + .0792i| .426 — .160i | .288 — .344: | .0826— .438i1 |—.140 — .422i |—.326 — 301i |—.430 — .106i |—.427 + .114i (Vi 
. oe gS = ~ =. vali 
* The values given here are for use in (28). 
= ; atel 
TABLE IV.* 
x . ——— — — ns = —_ —— 
he d=2a d=3a d=4a — 
™* 
*~ =i pies rw. re ties rw. a! 2 Pua 
ka ig! pera? pera? pera? pera? pcra2 pcra? pcra? pcra? pcra? 
0.0 0 0 0 0 0 0 0 0 0 -. 
0.1 0.00507 0.00500 0.00497 0.00503 0.00490 0.00492 0.00498 0.00490 0.00486 0. 
sm .0197 .0194 .0193 .0191 .0187 .0187 .0182 .0179 .0178 0. 
a .0425 .0418 .0417 .0394 .0386 .0385 .0353 .0345 .0344 
4 .0712 .0700 .0696 .0617 .0606 .0604 .0497 .0488 .0489 
ms .103 101 101 .0814 .0800 .0802 .0570 0551 .0557 
6 .134 Bk .132 .0941 .0925 .0937 .0500 .0491 .0512 
A .162 .160 .160 .0963 .0947 .0977 .0303 .0297 .0349 
8 181 .182 .184 .0845 .0838 .0898 —.00022 —.0004 .00777 
9 .197 .196 .200 .0639 .0622 .0762 — .0361 — .0360 — .0193 1. 
1.0 .201 .200 .210 .0317 .0293 .0534 — .0700 — .0698 — .0461 = 
— = +7 
e aes oa GPA ma RE 0! iit oa a and t 


* The values of the real part of the interaction impedance. r4 is the value obtained by (28), r by (15), and rw is an arithmetic average. 
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Fics. 3 and 4 give, respectively, the radiation resistance and reactance of a circular piston in the presence of a second 
piston at a distance d when the two pistons are in phase. The curve for d=0 is for a single piston. 
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Fics. 5 and 6 give the resistance and reactance when the pistons are out of phase by 180°. In all cases the velocity 
amplitudes of the pistons are the same. 


(Vi= V2). The interaction impedances for other 
values of 6, Vi, and V2 are then given immedi- 
ately by Eqs. (7) and (8) and the tables. 








TABLE V.* 
d=2a d=3a d=4a 
, a a ee 

ka pcra? para? pera? para? pera? para? 
0.0 0 0.281 0 0.176 0 0.130 
0.1 0.0276 .276 0.0168 .168 0.0120 .120 

2 .0520 .260 .0291 .146 0182 .0910 

3 .0702 .234 0331 .110 0145 0483 

4 .0804 .201 .0268 0670 | —.000085 —.00021 

Bo 0869 .174 .00970 0194 | —.0235 —.0470 

6 0704 117 — .0163 —.0272 | —.0503 — 0838 

of 0505 0721 | —.0480 —.0686 | —.0738 —.105 

8 0225 0281 | —.0788 —.0985 | —.0857 —.107 

9 —0118 —.0131 | —.109 —.121 — 0866 — .0962 
1.0 —.0494 —.0494| —.129 —.129 — 0697 — .0697 

















* The values of the imaginary part of the interaction impedance (X), 
and the accession to inertia (m) due to the interaction. 


Figures 3 and 4 give the radiation resistance 
and reactance, respectively, of the mechanical 
impedance (7) when the two pistons are in phase 
and their velocity amplitudes are equal. Figs. 5 
and 6 give the corresponding curves when the 
pistons are out of phase by 6=180°. It is easy 
now to extend the treatment to more than two 
pistons, as the interaction impedance of one 
piston due to a second is not affected by a third. 

The author is deeply grateful to Mr. H. S. 
Knowles, Chief Engineer of the Jensen Radio 
Manufacturing Company, for many helpful and 
stimulating discussions. To Professor F. C. Hoyt 
of the University of Chicago, the author wishes 
to express his heartfelt thanks for valuable sug- 
gestions and advice in preparing the manuscript. 
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A Review of Cardioid Type Unidirectional Microphones* 


RALPH P. GLOVERT 
Shure Brothers, Chicago, Illinois 


(Received November 15, 1939) 


VEN a cursory survey of the recent com- 

mercial literature of the field indicates a 
rather remarkable rise in popularity of uni- 
directional microphones. The ability of this type 
of microphone to discriminate against discrete 
sources of interfering sound, reduce reverberation 
pick-up, and improve the acoustic signal-to- 
background noise ratio, has provided a practical 
solution to many problems in broadcasting, 
recording and public address work. Other ad- 
vantages will be apparent from performance 
criteria brought out later. 

The unidirectional microphone has evolved 
from the combination of two earlier microphones, 
the pressure and pressure-gradient (or pressure- 
difference) types. The analogous radio combi- 
nation of vertical and loop antennas inspired 
Weinberger, Olson and Massa to develop the 
two-ribbon unidirectional microphone which they 
described in 1933.! In most present day versions, 
the two component transducers are present in 
distinct form within the housing and are elec- 
trically interconnected to form a microphone 
whose field response as a function of angle of 
incidence is a cardioid of revolution. A practical 
method for obtaining a cardioid-type charac- 
teristic in a single-element transducer, due to Ben 
Baumzweiger of this organization, has been 
commercially applied in crystal and moving coil 
designs. 

A cardioid microphone may be defined as a 
unidirectional microphone whose field response 
as a function of angle of incidence is given by the 
expression : 


Re=Ro(1+cos 6)/2, 


where Rg is the plane wave field response E/Pe 
(considered in the positive sense) at any angle 8, 
Ro is the plane wave field response Eo/Po in the 
reference direction on the axis of symmetry, and 


* Presented at the Iowa Meeting of the Acoustical Soci- 
ety of America, November 4, 1939. 

{ Chief Engineer, Shure Brothers, Chicago. 

1 Weinberger, Olson and Massa, J. Acous. Soc. Am. 5, 
139 (1933). 
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6 is the angle of incidence with respect to the 
reference direction. The field response locus in 
three-dimensional space is the surface of a 
cardioid of revolution illustrated by the solid 
model in Fig. 1. In two-element transducers the 
cosine term is contributed by a cosine bidirectional 
element while the constant term is added by a 
circular nondirectional element. The terms ‘‘cosine” 
and “circular” refer to the directional response 
characteristics without regard to the type of 
structure. The response of the cosine element is 
illustrated in Fig. 2 and consists of two spheres 
tangent at the origin of the coordinate axes. 
Structures which will produce this characteristic, 
and which have been employed commercially, are 
the ribbon velocity microphone? and the crystal 
pressure-difference microphone.* The directional 
characteristic of the circular element is not 
illustrated in solid form, but is of course a single 
sphere with origin at the center. A nondirectional 
pressure microphone structure is required and the 
following types have been used: resistance 
terminated ribbon, crystal cell and diaphragm- 
type microphones, and moving-coil units. 

Figure 3 represents a characteristic which we 
have termed the “hypercardioid”’ and which will 
be treated later in this paper. 

The single-element cardioid transducer men- 
tioned above utilizes the principle of acoustical 
phase-shift, but its performance may be analyzed 
by consideration of equivalent cosine and circular 
components, and all of the conclusions applying 
to the generalized cardioid microphone are 
applicable. 

Figure 4 shows schematically seven different 
cardioid type arrangements arranged in historical 
order. “A” is the two-ribbon structure of 
Weinberger, Olson and Massa described in 1933. 
The upper ribbon provides the pressure-difference 








2H. F. Olson, J. Acous. Soc. Am. 8, 56 (1931). 

3 Obtainable by the use of two spaced pressure-responsive 
elements, differentially connected to yield a response pro- 
portional to pressure difference, or by exposure of both 
sides of the diaphragm to the sound wave in a single-crystal 
structure. 
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(a) 


UNIDIRECTIONAL 





MICROPHONES 





(b) 


Fic. 1. Three-dimensional representation of cardioid characteristic. External view of model at left. 
Quarter section removed (right) to show null at rear. 


component while the loaded-tube terminated 
lower ribbon is pressure responsive. Williams‘ 
reported arrangement ‘‘B”’ in 1935, consisting of 
spaced groups of differentially-connected pres- 
sure-responsive rochelle salt cells whose output 
was proportional to pressure difference, associated 
with a group of pressure cells; special amplifiers 
provided response correction, phase-shift and 
brought the output up to a useful level. In 1937 
we developed a somewhat similar type with 
considerably-improved efficiency shown in “‘C.”’ 
A pair of diaphragm-type crystal elements form 
the pressure-difference section and a third unit 
provides the pressure component. A resistor- 
condenser combination gives response correction 
and phase shift. This microphone incorporated a 
three-position switch which made available a 
choice of nondirectional, bidirectional or cardioid 
unidirectional response, a feature now common 
on two-transducer cardioid microphones. Our 
experience has indicated that most users leave 


4A. L. Williams and J. P. Arndt, Electronics, Aug. 1935, 
pp. 242-243. 





the switch in the cardioid position. A fourth form 
“D,” due to Baumzweiger, was an abrupt 
departure from the previous art for it attained its 
directivity in a single transducer element by 
means of acoustical phase shift. This has been 
termed the “Uniphase” principle. ‘‘E’’ embodies 
a different combination of the same elements 
previously applied to this type of microphone, 
including a ribbon-type pressure difference sec- 
tion and a group of rochelle salt cells for the 
pressure microphone. As far as is known this 
type has not been produced commercially. ‘‘F’”’ is 
the arrangement published by Marshall® and 
shows the application of a moving coil system 
for the first time to a pressure section, while an 
improved ribbon is incorporated in the pressure 
difference element. Networks are provided for 
phase correction and to effectively remove the 
pressure-difference element in the high frequency 
range where the geometrical directivity of the 
moving coil unit alone is utilized. A switch, 
making it possible to utilize either transducer 


5 Marshall, Bell. Lab. Record 17, 338 (July 1939). 





Fic. 2. Three-dimensional representation of cosine char- 
acteristic, 


Fic. 3. Three-dimensional representation of ‘“hypercardi- 
oid” characteristic for minimum random energy efficiency. 
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Fic. 4. Cardioid type unidirectional microphones. 


element separately or in combination is also 
provided. The arrangement bears some resem- 
blence to ‘‘C”’ in which functionally similar 
features were provided. A single unit moving-coil 
unidirectional microphone, which incorporates 
the basic principle involving acoustical phase 
shift developed in connection with the crystal 
microphone in “D,”’ is indicated schematically 
in “G.”’ 

Figure 5 shows schematically the “‘uniphase”’ 
system employed to secure acoustical phase shift 
in a single element transducer. The transducer is 
exposed to the sound field at its diaphragm and 
also through an aperture at the rear spaced from 
the diaphragm by an effective acoustical distance 
““d.”’ Sound incident from the front produces a 
pressure P, at the diaphragm and a different 
pressure P, at the rear occasioned by the space- 
phase difference @ in the acoustical wave corre- 
sponding to the distance ‘‘d.”” The pressure P, at 
the rear aperture is further modified by the 
acoustical phase-shifting network so that there is 
a net effective pressure on the diaphragm as 
shown in the vector diagram at the left in which ¢ 
is the phase shift produced in the acoustical 
network. For incidence from the rear it will be 
seen from the vector diagram at the right that 
the net pressure on the diaphragm becomes zero 
and there is consequently no output. At 90° 
incidence the net effect of pressure on the 
diaphragm is one-half that obtained for zero 
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degree incidence. The resulting directional char. 
acteristic is a cardioid of revolution. Detailed 
discussion of the network operation is beyond the 
scope of this review and will be more fully treateq 
in a later paper. 

The generalized cardioid characteristic is ob. 
tained under plane wave conditions. However, a 
small source at close distances produces ap- 
proximately a spherical wave, a condition fre. 
quently met in practice, and it is therefore 
interesting to examine the performance of ap 
ideal cardioid microphone in a spherical field. 

Figure 6 shows vectorially the pressures and 
resulting voltage contributions in plane and 
spherical fields. To obtain the cardioid, the 
pressure and pressure gradient elements must 
contribute voltages which are equal and in phase 
for normal or zero-degree incidence and out-of- 
phase for 180-degree incidence in a plane field. In 
the diagrams solid lines represent the plane wave 
case and dotted lines the spherical. Referring to 
the zero-degree diagram, the pressures P4 and P; 
at front and rear of the pressure gradient element 
are substantially equal and out of phase by the 
angle ¢. The pressure difference AP» is of course 
P,—Pzs and the resulting output voltage E,, 
lags 90 degrees and is in-phase with E, the output 
voltage of the pressure element. The two voltages 
add directly to give the output voltage Eo which 
is twice that of one of the component elements. 
This value can then be plotted in the polar 
diagram. Passing to the 90-degree incidence 


90° 


P, _~ PHASE SHIFTING 
NETWORK 


o—>Pp, +—180° 
DIAPHRAGM (te 2} Pe 
P, Ps 
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Fic. 5. Single-unit “‘uniphase”’ cardioid principle. 
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diagram, it is evident that Ps and Pz, are equal 
and in-phase, the pressure-difference is zero and 
there is consequently no output from the pressure 
gradient transducer. The microphone output fs 
therefore that of the pressure element alone. It 
will also be evident that this condition obtains 
regardless of the type of field because there 
cannot be any pressure-gradient output at 90- 
degree incidence. 

The 180-degree diagram shows the 180-deégree 
phase shift in the difference of pressures and the 
resulting phase reversal of E,, which is now equal 
and opposite to Ey, the pressure element output. 
Here the microphone output is zero. If we now 
assume a spherical field with pressure such as to 
produce the same output from the pressure 
element, the results are quite different. Referring 
to the zero degree diagram, we find an increase in 
front pressure to P,4’ and a decrease in rear 
pressure to the value P,’. The pressure difference 
is increased and drops back in phase compared 
with the plane wave case. When the constant 
pressure-element voltage is added, the combined 
output is greater than before and in a new phase 
position. As mentioned before, at 90-degree 
incidence the output is substantially unaffected 
by the type of field because the pressure-gradient 
element is inoperative. For 180-degree incidence, 
the pressure-gradient output is reversed in phase 
from the zero-degree condition and when added 
to the output of the pressure element leaves a 
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Fic. 6. Action of cardioid type microphones in plane and 


spherical fields. 
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Fic. 7. (a) Velocity rise in cosine and cardioid micro- 
phones. (b) Front and rear response in cardioid micro- 
phones. 


resultant E’1s9 which appears as a point in the 
rearward lobe of the polar diagram. The micro- 
phone, while still markedly directional, shows a 
very considerably apparent loss in front-to-rear 
discrimination in a spherical field. This condition 
occasionally leads to complaints of low order 
directivity when attempts are made to test the 
directional properties of cardioid microphones 
with a close-talking voice source. 

The effect of spherical waves of different radii 
on the response frequency characteristic is shown 
quantitatively in Fig. 7. The top family of curves 
compares the effect for the cosine law pressure- 
gradient microphone and the cardioid micro- 
phone. It is evident that there may be con- 
siderable low end rise for small separations 
between microphone and source in both cosine 
and cardioid microphones, but for a given rise, 
the source may be placed at one-half the distance 
from a cardioid as compared with the cosine 
microphone. If the rise is to be made negligible 
down to 30 cycles per second, the spherical source 
must be at least 4 feet from a cardioid and 8 feet 
from a cosine microphone. The shifting low 
frequency characteristic, even though the effect 
is minimized in the cardioid (and in both types, 
may be equalized within the microphone for a 
particular distance) emphasizes the need for 
adjustable equalization in high quality sound 
systems which operate under a variety of con- 





ditions. There are of course many other factors 
which make it desirable to include the equaliza- 
tion feature generally lacking or only partially 
provided in commercial amplifying equipment. 
The ability to use relatively close placements 
with the cardioid, affording an appreciable in- 
crease in ratio of direct to reverberant sound, is 
believed to be an important advantage of this 
type of microphone. 

As pointed out previously, the ratio of re- 
sponses at zero and 180 degrees in a cardioid is a 
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Fic. 8. Response patterns. 


function of the sphericity of the wave. The lower 
group of curves shows, for example, that the 
front-to-rear discrimination at one foot and 100 
cycles is only about 4 db whereas the theoretical 
plane wave discrimination would be infinite. 
Actually in practical cardioids, the average 
plane-wave discrimination is limited to a maxi- 
mum of the order of 20 db due to production 
difficulties in precisely matching the response of 
the two units. 

Another factor which must be considered is 
that in actual practice, some of the sources may 
be spherical while others are plane. The more 
distant sources and the equivalent image sources 
in reflection probably produce what might be 
loosely thought of as plane components at the 
microphone and there is considerable justification 
for considering the plane-wave response for such 
purposes. Certain of the excited normal-mode 
vibration components in rooms may possibly be 
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considered as plane waves in their effect on the 
microphone. 

In order to appraise properly the directional 
characteristics of microphones, it has been found 
necessary to employ a number of performance 
criteria. No single criterion is sufficient when 
dealing with different types of directivity and 
diverse conditions of use. It is obvious that the 
location of sources and directional distribution of 
the desired and undesired sound-field com ponents 
must be considered in selecting suitable criteria. 
Under certain indoor conditions, the room go 
profoundly affects the sound field conditions as 
to necessitate simplifying assumptions in formu- 
lating a performance index which is significant 
for such applications. 

If simple plane progressive waves are involved, 
the conventional representation of the directional 
characteristic by means of polar plots as indi- 
cated in Fig. 8, showing variation of response 
with azimuth angle, yields useful information. 
From these polar curves, the location of maxima 
and minima of response, discrimination ratios, 
width of ‘‘pick-up angles” and other data may be 
determined by inspection. 

An approximation of the progressive wave 
condition is roughly obtained under outdoor 
conditions. It is possible to analyze fairly 
satisfactorily certain situations out of doors by 
reference to the directional characteristic, pro- 
vided the radiation characteristics of the desired 
and interfering sources are reasonably well known 
and due account is taken of the principal 
reflections. 

When the microphone is located within an 
enclosure, reflections take place, leading to 
reverberation and the simple progressive wave 
condition no longer obtains. As a result, the 
microphone is not only subjected to the direct 
sound flowing from the source, but is also 
immersed in a diffuse field due to multiple 
reflections from the boundaries. If the boundary 
walls have high absorption coefficients, the diffuse 
field due to reverberation around the microphone 
is less than for walls with low absorption. 

The ability of a directional microphone to 
discriminate against sound of random character 
is an important measure of its performance under 
indoor conditions. Sivian, Olson and others have 
previously employed this concept. On the as- 
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sumption that all angles of incidence are equally 
probably and phases at random it can be shown 


that: 


Random energy response = 3 f f°(0) sind do, 
0 


where f(@) is the function defining the response 
characteristic. Axial symmetry is assumed and 
the functions to be used are those employed in 
the previous definitions of the cosine .and 
cardioid types. The concept of “‘random energy 
eficiency”’ follows as the ratio of random energy 
response to normal or zero-degree response. 
Another useful index is the “distance index” 
which states the relative distance between micro- 
phone and source for the same ratio of direct to 
random sound pick-up as would be obtained with 
a nondirectional microphone at unit distance. 
As can be seen from the table (Fig. 9), both the 
cardioid and the cosine types have random 
energy efficiencies of 3. The advantage (from the 
standpoint of directivity) of the cardioid type is 
its unidirectional response as contrasted with the 
bidirectional response of the cosine type. The 
need for a quantitative measure of the relative 
unilateral nature of response has lead the writer 
to suggest the employment of what may be 
termed the “‘front-to-total random ratio.’’ This 
is obtained by integrating the random energy 
expression over the front hemisphere, and ex- 
pressing the result as a ratio to the total random 
energy response obtained previously. This gives a 
measure of the ability of the microphone to 
confine the pick-up to one side only. The various 
indices are tabulated in Fig. 10 for the circular, 
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Fic. 9. Directional indices. 
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cosine and cardioid types as well as for a new 
type termed the “‘hypercardioid”’ which is derived 
from the following considerations. If the response- 
frequency characteristics of the cosine and 
circular elements are not identical, the directional 
characteristic of the combination will not be a 
cardioid at frequencies for which the response 
difference is appreciable. This results in a rear 
lobe often observed in practical cardioid-type 
microphones. An investigation of the effect of 
the rear lobe led to a complete study of the 
manner in which the random indices varied as 
the relative cosine and circular contributions 
were varied, with the results shown in Fig. 10. 
For the circular microphone, a=0, for the 
cardioid a=0.5 and for the cosine a=1.0. It will 
be observed, however, that both the unilateral 
index (front-to-total random ratio) and the 
random energy efficiency are optimum for values 
of “‘a” greater than 0.5. The directional charac- 
teristic for a=0.75 gives minimum random 
energy efficiency and has been termed the 
“hypercardioid.”*® The front-to-total random 
ratio becomes maximum slightly below this value 
at a=0.63. It is questionable whether the 
optimum values are sufficiently better than those 
of the cardioid as to constitute a marked improve- 
ment but we can confidently conclude that a 


6 Since the preparation of this manuscript, Mr. Harry 
Olson has informed the writer that he independently inves- 
tigated this effect and reached the same conclusion with 
regard to minimum random energy efficiency. 
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rearward lobe is not necessarily a disadvantage, 


but may actually indicate improved performance 


if the random indices are taken as criteria. This 
conclusion has been borne out by field tests for 
the hypercardioid case, which is shown in solid 
form in Fig. 3. 
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Application of Piezoelectric Vibration Pick-Ups to Measurement of Acceleration, 
Velocity and Displacement* 


BENJAMIN BAUMZWEIGER! 
Shure Brothers, Chicago, Illinois 


(Received November 15, 1939) 


EASUREMENT and study of vibration 

has become an important factor in 
elimination of noise in machinery, vehicles and 
household appliances. In accordance with’ the 
requirements of each application, displacement, 
velocity, or acceleration of vibration may be the 
important characteristic to be measured.*: * This 
paper describes a piezoelectric vibration pick-up 
and control circuits which produce output 
potentials corresponding to either of the three 
characteristics of vibration. The instrument 
plugs into the microphone receptacle of a General 
Radio type 759-A sound level meter for direct 
determination of the average level of vibration. 
Together with a wave analyzer, it permits 
analysis of the great majority of vibration 
problems encountered in industrial work. 

Direct measurement of velocity or displace- 
ment of vibration necessitates the establishment 
of a stationary body to serve as a reference frame 
against which these functions may be determined. 
Acceleration is measured directly in terms of the 
inertia reaction forces developed in the vibration 
pick-up. These forces are converted into elec- 
trical potentials by means of a piezoelectric 
crystal, and integrating networks may be used 
to obtain the velocity and displacement functions 
of vibrations. 

Piezoelectric inertia-type pick-ups have been 
known and used for some time in detecting the 
existence of vibrations. Their use in measure- 
ments work has been heretofore largely limited 
by the lack of reliable calibration data. A later 
part of this paper describes calibration methods 
developed in this organization approximately 
three years ago. 


* Presented at the Meeting of the Acoustical Society of 
America, lowa City, lowa, November 4, 1939. 

1 Development Engineer, Shure Brothers, Chicago. 

*F, I. Meister, “Physiological Evaluation of Shock 
Measurement,” Akustische Zeits. 2, 1 (1937). Reviewed 
in J. Acous. Soc. Am. 9, 53 (1937). 

_5L. H. Hansel, ‘The Vibration Isolation of Machinery,” 
Electrical Engineering 56, 735 (1937). 
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INERTIA-TYPE Pick-Up 


Structure of a typical inertia-type piezoelectric 
pick-up is shown in Fig. 1. The crystal is a 
“bimorph” unit* consisting of two square plates 
of Rochelle salt properly oriented and cemented 
together with foil electrodes. With the crystal 
held on three corners the output voltage E is 
proportional to the force F acting on the free 
corner. The crystal is enclosed in a water tight 
cast-aluminum case, and motions applied in a 
direction perpendicular to the case drive the 
crystal at the supporting points, a force F being 
developed on the unsupported section due to 
inertia reaction. 

The approximate equivalent mechanical circuit 
of the crystal is indicated as a compliance C,, in 
parallel with the effective mass L,, of the moving 
portion of the crystal. Dissipation is small and 
may be neglected except at resonance. The 
pick-up is designed to operate below the resonant 
point which in this instrument occurs at approx- 
imately 1500 cycles per second. Mechanical 
impedance at the driving point derived from the 
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Fic. 1. Inertia-type piezoelectric vibration pick-up and its 
approximate equivalent circuit. 


4C. B. Sawyer, ‘‘The Use of Rochelle Salt Crystals for 
Electrical Reproducers and Microphones,” Proc. I.R.E. 
19, 2020 (1931). 





equivalent circuit is given as 
Zm=joLm/(1—w*LmCn). 


If the impressed sinusoidal vibrational com- 
ponent has an amplitude é and a frequency f, its 
velocity is jwt, and its acceleration is —w’E. 
Force F is found by multiplying velocity by the 
mechanical impedance, or 


F= —wtLm/(1 —w*LmCm). 


It is seen that well below the resonant point, F 
is proportional to and in phase with the accelera- 
tion of vibration. Hence the potential E devel- 
oped at the terminals of the crystal due to a 
vibrational component represents this component 
correctly in both the magnitude and phase posi- 
tion. The free corner of the crystal may be 
loaded with a small weight in order to obtain an 
increase in sensitivity, accompanied with a cor- 
responding decrease of the upper frequency 
limit. 

The potential developed in the crystal is essen- 
tially independent of the temperature within the 
operating range for a given applied force. The 
internal capacity varies from a maximum at the 
Curie point (70°F) and below, to a minimum at 
the upper operating temperature limit of the 
device (approximately 120°F). In order to 
insure temperature stability of the device it is 
necessary to operate the crystal across a load 
having an impedance considerably higher than 
that of the crystal element itself. 


CALIBRATION PROCEDURE 


Inertia-type vibration pick-ups may be cali- 
brated by comparison with another vibration 
pick-up in which the sensitivity is sacrificed in 
order to achieve very closely a straight-line 
acceleration characteristic within all of the 
frequency range of interest. As indicated in Fig. 
2 such a “‘vibration cell’ consists of an aluminum 
block approximately 14X1}X2 inches with a 
small inertia-type crystal, having a resonant 
period at 10,000 cycles, cemented in a recess at 
its center. The larger pick-up is fastened on top 
of the vibration cell and both are driven together 
from a vibration generator through a sheet of 
Viscoloid. In this manner both pick-ups execute 
the same vibratory motion, and the damping 
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material tends to prevent horizontal resonances 
of the system. 

A vibration generator for calibration purposes 
may consist of any controllable source of vibra. 
tions. Vibrating plates, dynamic motors, and 
other similar reciprocating arrangements have 
been used by previous investigators.*: © A piezo- 
electric driver suggested by the Brush Develop. 
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Fic. 2. Vibration pick-up calibration. 


ment Company is illustrated in Fig. 2. It consists 
of 16 expander-type Rochelle salt crystals 
21x" provided with foil electrodes which 
are connected in parallel and serve to conduct 
electrical potential from a beat frequency oscil- 
lator. The crystals are cemented to a heavy 
bottom plate and provided with a light aluminum 
driving plate. Such an actuator will deliver 
amplitudes of a few millionths of an inch with an 
input voltage of approximately 30 volts up to 
a frequency of several thousand cycles per 
second. 

The calibration procedure is as follows. The 
output voltage of the pick-up being calibrated is 
compared with that of the vibration cell at 
various frequencies within the desired range, by 
means of the amplifier and output meter. Fre- 
quency calibration is then plotted as a departure 
from the straight-line representing the _per- 
formance of the vibration cell. Absolute sensi- 

5C. D. Greentree, ‘‘Vibration-Measuring Instruments,” 
Electrical Engineering 56, 706 (1937). 

°G, L. Pigman, F. B. Hornibrook and J. S. Rogers, “A 


Portable Apparatus for Measuring Vibration in Fresh 
Concrete,” Nat. Bur. Stand. J. Research 20, 707 (1938). 
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tivity of the pick-up is determined by comparing 
its output with that of a miniature pick-up 
which has been standardized by subjecting the 
device to directly measurable amplitudes of 
vibration by means of the electrodynamic piston- 
phone.? As a further check the pick-up being 
calibrated is clamped on a motor-driven vibra- 
tion machine producing a predetermined recipro- 
cating motion. The displacement may be ad- 
justed between 0.1 and 0.5 inch at frequencies 
from 10 to 30 cycles per second. This machine is 
also used to determine linearity with amplitude 
of the voltage developed in the pick-up and 


‘R. P. Glover and B. Baumzweiger, “A Moving Coil 
Pistonphone for Measurement of Sound Field Pressure,” 
J. Acous. Soc. Am. 10, 200 (1939). 
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serves as a convenient means for checking pick- 
ups in production. 

A typical calibration curve of a type 61B 
inertia-type vibration pick-up is shown in Fig. 3. 
Response is given in terms of peak voltage 
generated per one-millionth inch displacement. 
The straight-line acceleration characteristic ob- 
tains to approximately 600 cycles per second, 
increasing thereafter due to the resonant rise. 
This rise is partially corrected by means of an 
equalizing section in the control network de- 
scribed below. 

The low frequency response is affected by 
transition loss which depends upon the capacity 
of the crystal and the amplifier input resistance 
R. The response is shown in dotted lines for 
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several values of R in Fig. 3. A straight-line 
acceleration characteristic in the frequency range 
extending downward to 1 cycle per second would 
necessitate an input resistance of the order of 40 
megohms. 


CONTROL NETWORK 


The output of the acceleration-type pick-up 
may be integrated once or twice in order to 
obtain a potential proportional to velocity or 
displacement. Integrating and differentiating 
networks have been previously used by various 
investigators® as a means of conversion from one 
function of vibration to another. A simple 
integrating network may consist of a resistor R 
and condenser C in series. Upon application of 
a sinusoidal potential Ey» across the series com- 
bination, the voltage E, across the condenser is 
given by E,/(1+jwCR). If the resistance is con- 
siderably larger than the capacitive reactance of 
the condenser this expression simplifies to 
E,/(jwCR). The error involved in the simplified 
expression is 3.1 percent in magnitude and 14° 
in phase angle for R=4/jwC, decreasing with 
increase of frequency. Thus if the input potential 
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Fic. 4. Circuit diagram and response-frequency characteristics of pick-up and control box. 


E, due to a sinusoidal component of acceleration 
equals —wEKL,, the output potential £, is 
jwtK’'L,, which represents the velocity of vibra- 
tion within the limits of network precision. This 
velocity potential may be impressed in turn upon 
a second network producing an output &K"'L, 
which is proportional to the displacement. 

The circuit of the control network designed in 
cooperation with the General Radio Company is 
shown in Fig. 4. The acceleration potential is 
delivered to the amplifier through a capacitive 
voltage divider consisting of condensers Co’ and 
C,’’ for readings of acceleration. Velocity readings 
are taken through a network consisting of the 
resistor R, and condenser C;. Displacement 
potential is obtained through a second inte- 
gration with the resistor Rs and the condenser (;. 
The third section composed of R; and C3 comes 
into play at approximately 600 cycles per second 
and offsets the resonant rise up to a frequency of 
approximately 1000 cycles per second. 

The frequency response of pick-up and network 
combination to vibrations having a constant 
displacement, velocity, and acceleration is shown 
in Fig. 4. The lower frequency limit is at about 15 
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cycles per second because of the shunting effect 
of the amplifier grid-leak. Calibration is not 
carried out above 1000 cycles per second because 
experimental evidence indicates that perform- 
ance of the instrument at these frequencies is 
affected to a very considerable degree by the 
manner in which the pick-up is clamped or held 
against the vibrating object. In measuring vibra- 
tions in the extreme low frequency range, meter 
readings should be corrected for any droop in the 
low end frequency response of the amplifier 
equipment. 

The control network and selector switch is 
contained in an oblong case which plugs into the 
microphone receptacle of the sound level meter 
(Fig. 5). Table I summarizes the range of 
measurements possible with this instrument. 
Calibration is in terms of “average” units be- 
cause the readings of the oxide-type rectifier 
meter are proportional to the average value of 








TABLE I. 
METER RANGE ON 759-A METER 
READING 
VIBRATION BASIC FOR BAsIc 
FUNCTION UNIT UNIT MINIMUM MAXIMUM 
Acceleration 1 g ave. 100 db 160 micro- 10¢ 
(32.2 ft. g ave. ave. 
per sec.?) 
Velocity 1 in. per 100 db 160 micro- 31 in. 
sec. ave. In. per sec. per sec. 
ave. ave. 
Displacement 1lin.ave. 120db 16micro- 3.1 in. 
double in. ave. ave. 


amplitude 
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Fic. 5. Inertia-type vibration pick-up, control box and 
sound level meter. 


the complex wave. Whenever the complex vibra- 
tion wave is observed on an oscillograph some 
discretion must be used in interpreting the results 
because of the phase shift introduced in the 
circuit by the control network. This precaution is 
unnecessary when the various frequency com- 
ponents are determined with a wave analyzer. 

The pick-upand network combination increases 
considerably the usefulness of the sound level 
meter by extending its range of measurements 
into the field of vibrations. The apparatus has 
found practical applications in the design of 
quiet industrial products and in vibration studies 
of buildings, excavations, and other similar 
problems. 
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Loudness Level to Loudness Conversion Chart 


PauL H. GEIGER 
Departments of Physics and Engineering Research, University of Michigan, Ann Arbor, Michigan 
(Received November 14, 1939) 


HE loudness scale of the American Standards 
Association has proved to be useful to those 
who have occasion to present the results of 
sound measurements to the layman. The use of 
this scale saves the lengthy discussion necessary 
to acquaint a nontechnically trained person with 
the decibel scale and is accepted by such an 
individual with a feeling of satisfaction rather 
than a feeling that the scale is an artificial one 
from which it is not safe for him to draw con- 
clusions. 
Even though the curve! given by the American 
Standards Association shows the relation be- 
tween loudness and loudness level as accurately 


1 The data for this curve were published by H. Fletcher 
and W. A. Munson, J. Acous. Soc. Am. 5, 93 (1933). 





TABLE I. Loudness X 10-3, 


as it is known at present, nevertheless it cannot 
be read as closely as may be desired. In Table ], 
the values given there are interpolated to tenths 
of decibels. 

Although commercial sound level meters may 
differ by as much as five decibels, comparative 
sound level measurements can be made to a 
tenth decibel. In many cases, the absolute value 
of loudness is of minor interest; all that is re. 
quired for most practical purposes is a consistent 
means for expressing loudness differences. For 
this reason the following chart is submitted with 
the hope that it may prove useful to some of 
the readers of the Journal. 

For convenience in printing, the loudness 
values have been divided by 1000. 





0.5 0.6 0.7 0.8 0.9 


L.L 0 0.1 0.2 0.3 0.4 
0 0.0010 0.0010 0.0011 0.0011 0.0012 0.0012 0.0012 0.0013 0.0013 0.0014 
1 .0014 .0015 .0015 .0016 .0016 .0017 .0017 .0018 .0018 .0018 
2 .0019 .0020 .0020 .0021 .0021 .0022 .0023 .0023 .0024 0024 
3 .0025 .0026 .0027 .0028 .0029 .0030 .0030 .003 1 .0032 .0033 
4 .0034 -0035 .0036 .0037 .0038 .0039 .0040 .0041 .0042 .0043 
5 .0044 .0046 .0047 .0048 .0049 .0051 .0052 .0053 .0054 .0056 
6 .0057 .0058 .0060 .0061 .0063 .0064 .0065 .0067 .0068 .0069 
7 .0071 .0073 .0075 .0077 .0078 .0080 .0082 .0084 .0086 .0088 
8 .0090 .0092 .0094 .0097 .0099 .0101 .0103 .0105 .0108 0110 
9 .0112 .0115 0117 .0120 .0123 .0125 .0128 .0131 .0134 .0136 
10 .0139 0142 .0146 .0149 .0152 .0155 .0159 .0162 .0165 .0169 
11 .0172 .0176 .0180 .0185 .0189 .0193 .0197 .0201 .0206 .0210 
12 .0214 0219 .0224 .0230 .0235 .0240 .0245 .0250 .0256 .0261 
13 .0266 .0272 .0278 .0284 .0290 .0296 .0302 .0308 .0314 .0320 
14 .0326 .0333 .0339 .0346 .0353 .0360 .0366 .0373 .0380 .0386 
15 .0393 .0401 .0409 .0418 .0426 .0434 .0442 .0450 .0459 0467 
16 0475 .0485 .0495 .0505 .0515 .0525 .0535 0545 .0555 .0565 
17 .0575 .0587 .0599 .0611 .0623 .0635 .0647 .0659 .0671 .0683 
18 .0695 .0708 .0721 0734 .0747 .0760 .0773 .0786 .0799 0812 
19 .0825 .0840 .0855 .0870 .0885 .0900 .0915 .0930 .0945 .0960 
20 .0975 .0990 .1006 .1022 .1037 .1053 .1068 .1084 .1099 ALS 
21 .1130 .1148 .1166 .1184 .1202 .1220 .1238 .1256 .1274 1292 
22 .1310 1330 .1350 .1370 .1390 .1410 .1430 .1450 .1470 .1490 
23 .1510 .1532 .1554 .1576 .1598 .1620 .1642 .1664 .1686 .1708 
24 .1730 .1754 .1778 .1802 .1826 .1850 .1874 .1898 1922 .1946 
25 .1970 .1995 .2020 .2045 .2070 .2095 .2120 .2145 .2170 .2195 
26 .2220 .2250 .2280 .2310 .2340 .2370 .2400 .2430 .2460 .2490 
27 .2520 2555 .2590 2625 .2660 .2695 .2730 .2765 .2800 .2835 
28 .2870 .2907 .2944 .2981 .3018 3055 .3092 .3129 .3166 3203 
29 .3240 3276 .3312 .3348 3384 3420 3456 .3492 .3528 3564 
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LOUDNESS LEVEL TO LOUDNESS 


TABLE I.—Continued. 


























LL. 0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 
30. ~—-.3600 .3645 .3690 .3735 .3780 .3825 .3870 3915 .3960 4005 
31 .4050 4100 4150 .4200 , 4250 .4300 4350 .4400 4450 4500 
32 4550 .4600 .4650 4700 4750 .4800 4850 4900 4950 .5000 
33 .5050 .5100 5150 .5200 5250 .5300 .5350 .5400 5450 .5500 
unnot 34 5550 .5610 .5670 5730 5790 .5850 .5910 .5970 .6030 .6090 
ble I, 35 .6150 .6210 .6270 .6330 .6390 .6450 .6510 .6570 .6630 .6690 
enths 36 .6750 .6815 .6880 .6945 .7010 .7075 .7140 .7205 .7270 .7335 
37 .7400 .7470 .7540 .7610 .7680 .7750 .7820 .7890 .7960 .8030 
38 .8100 .8180 .8260 .8340 .8420 .8500 .8580 .8660 .8740 .8820 
May 39 .8900 .8985 .9070 9155 -  .9240 .9325 .9410 .9495 .9580 .9665 
ative 40 .9750 .9835 .9920 1.000 1.009 1.018 1.026 1.034 1.043 1.052 
to a 41 1.060 1.070 1.079 1.088 1.098 1.108 1.117 1.126 1.136 1.146 
value 42 1.155 1.164 1.174 1.184 1.193 1.202 1.212 1.222 1.231 1.240 
; 43 1.250 1.261 1.272 1.283 1.294 1.305 1.316 1.327 1.338 1.349 
IS re- 44 1.360 1.374 1.388 1.402 1.416 1.430 1.444 1.458 1.472 1.486 
stent 45 1.500 1.514 1.528 1.542 1.556 1.570 1.584 1.598 1.612 1.626 
. For 46 1.640 1.654 1.668 1.682 1.696 1.710 1.724 1.738 1.752 1.766 
with 47 1.780 1.794 1.808 1.822 1.836 1.850 1.864 1.878 1.892 1.906 
48 1.920 1.935 1.950 1.965 1.980 1.995 2.010 2.025 2.040 2.055 
ne of 49 2.070 2.083 2.096 2.109 2.122 2.135 2.148 2.161 2.174 2.187 
50 2.200 2.215 2.230 2.245 2.260 2.275 2.290 2.305 2.320 2.335 
dness 51 2.350 2.366 2.382 2.398 2.414 2.430 2.446 2.462 2.478 2.494 
52 2.510 2.527 2.544 2.561 2.578 2.595 2.612 2.629 2.646 2.663 
53 2.680 2.700 2.720 2.740 2.760 2.780 2.800 2.820 2.840 2.860 
54 2.880 2.900 2.920 2.940 2.960 2.980 3.000 3.020 3.040 3.060 
55 3.080 3.103 3.126 3.149 3.172 3.195 3.218 3.241 3.264 3.287 
—— 56 3.310 3.335 3.360 3.385 3.410 3.435 3.460 3.485 3.510 3.535 
0.9 57 3.560 3.586 3.612 3.638 3.664 3.690 3.716 3.742 3.768 3.794 
— 58 3.820 3.845 3.870 3.895 3.920 3.945 3.970 3.995 4.020 4.045 
onnt 59 4.070 4.098 4.126 4.154 4.182 4.210 4.238 4.266 4.294 4.322 
0018 
0024 60 4.350 4.379 4.408 4.437 4.466 4.495 4.524 4.553 4.582 4.611 
0033 61 4.640 4.671 4.702 4.733 4.764 4.795 4.826 4.857 4.888 4.919 
0043 62 4.950 4.980 5.010 5.040 5.070 5.100 5.130 5.160 5.190 5.220 
63 5.250 5.281 5.312 5.343 5.374 5.405 5.436 5.467 5.498 5.529 
0056 64 5.560 5.591 5.622 5.653 5.684 5.715 5.746 5.777 5.808 5.839 
0069 
0088 65 5.870 5.907 5.944 5.981 6.018 6.055 6.092 6.129 6.166 6.203 
0110 66 6.240 6.278 6.316 6.354 6.392 6.430 6.468 6.506 6.544 6.582 
0136 67 6.620 6.660 6.700 6.740 6.780 6.820 6.860 6.900 6.940 6.980 
68 7.020 7.062 7.104 7.146 7.188 7.230 7.272 7.314 7.356 7.398 
= 69 7.440 7.491 7.542 7.593 7.644 7.695 7.746 7.797 7.848 7.899 
0210 
0261 70 7.950 8.006 8.062 8.118 8.174 8.230 8.286 8.342 8.398 8.454 
0320 71 8.510 8.572 8.634 8.696 8.758 8.820 8.882 8.944 9.006 9.068 
0386 72 9.130 9.202 9.274 9.346 9.418 9.490 9.562 9.634 9.706 9.778 
73 9.850 9.925 10.00 10.08 10.15 10.22 10.30 10.38 10.45 10.52 
= 74 10.60 10.68 10.76 10.84 10.92 11.00 11.08 11.16 11.24 11.32 
U0) 
0683 75 11.40 11.50 11.60 11.70 11.80 11.90 12.00 12.10 12.20 12.30 
0812 76 12.40 12.51 12.62 12.73 12.84 12.95 13.06 13.17 13.28 13.39 
0960 77 13.50 13.61 13.72 13.83 13.94 14.05 14.16 14.27 14.38 14.49 
78 14.60 14.72 14.84 14.96 15.08 15.20 15.32 15.44 15.56 15.68 
i 79 15.80 15.93 16.06 16.19 16.32 16.45 16.58 16.71 16.84 16.97 
1490 80 17.10 17.23 17.36 17.49 17.62 17.75 17.88 18.01 18.14 18.27 
.1708 81 18.40 18.54 18.68 18.82 18.96 19.10 19.24 19.38 19.52 19.66 
1946 82 19.80 19.96 20.12 20.28 20.44 20.60 20.76 20.92 21.08 21.24 
83 21.40 21.57 21.74 21.91 22.08 22.25 22.42 22.59 22.76 22.93 
. 84 23.10 23.29 23.48 23.67 23.86 24.05 24.24 24.43 24.62 24.81 
2835 ae Sr ; . - 
3203 
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L.L. 0 0.1 
85 25.00 25.22 
86 27.20 27.44 
87 29.60 29.86 
88 32.20 32.48 
89 35.00 35.30 
90 38.00 38.35 
91 41.50 41.85 
92 45.00 45.40 
93 49.00 49.40 
94 53.00 53.40 
95 57.00 57.50 
96 62.00 62.55 
97 67.50 68.15 
98 74.00 74.70 
99 81.00 81.70 

100 88.00 88.90 

101 97.00 97.90 

102 106.0 107.0 

103 116.0 117.0 

104 126.0 127.2 

105 138.0 139.2 

106 150.0 151.4 

107 164.0 165.6 

108 180.0 181.7 

109 197.0 198.8 

110 215.0 217.0 

111 235.0 237.5 

112 260.0 262.8 

113 288.0 290.8 

114 316.0 319.0 

115 346.0 349.4 

116 380.0 383.8 

117 418.0 422.2 

118 460.0 464.6 

119 506.0 511.0 

120 556.0 561.3 

121 609.0 614.9 

122 668.0 674.4 

123 732.0 738.8 

124 800.0 807.5 

125 875.0 883.1 

126 956.0 965.1 

127 1047 1057 

128 1150 1162 

129 1266 1279 


25.44 


27.68 
30.12 
32.76 
35.60 


38.70 
42.20 
45.80 
49.80 
53.80 


58.00 
63.10 
68.80 
75.40 
82.40 


89.80 
98.80 
108.0 
118.0 
128.4 


140.4 
152.8 
167.2 
183.4 
200.6 


219.0 
240.0 
265.6 
293.6 
322.0 


352.8 
387.6 
426.4 
469.2 
516.0 


566.6 
620.8 
680.8 
745.6 
815.0 


891.2 
974.2 
1068 
1173 
1292 
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TABLE I.—Continued. 





0.3 


25.66 


27.92 
30.38 
33.04 
35.90 


39.05 
42.55 
46.20 
50.20 
54.20 


58.50 
63.65 
69.45 
76.10 
83.10 


90.70 
99.70 
109.0 
119.0 
129.6 


141.6 
154.2 
168.8 
185.1 
202.4 


221.0 
242.5 
268.4 
296.4 
325.0 


356.2 
391.4 
430.6 
473.8 
521.0 


571.9 
626.7 
687.2 
752.4 
822.5 


899.3 
983.3 
1078 
1185 
1305 


0.4 


25.88 
28.16 
30.64 
33.32 
36.20 


39.40 
42.90 
46.60 
50.60 
54.60 


59.00 
64.20 
70.10 
76.80 
83.80 


91.60 
100.6 
110.0 
120.0 
130.8 


142.8 
155.6 
170.4 
186.8 
204.2 


26.32 26.54 
28.64 28.88 
31.16 31.42 
33.88 34.16 
36.80 37.10 
40.10 40.45 
43.60 43.95 
47.40 47.80 
51.40 51.80 
55.40 55.80 
60.00 60.50 
65.30 65.85 
71.40 72.05 
78.20 78.90 
85.20 85.90 
93.40 94.30 
102.4 103.3 
112.0 113.0 
122.0 123.0 
133.2 134.4 
145.2 146.4 
158.4 159.8 
173.6 175.2 
190.2 191.9 
207.8 209.6 
227.0 229.0 
250.0 252.5 
276.8 279.6 
304.8 307.6 
334.0 337.0 
366.4 369.8 
402.8 406.6 
443.2 447.4 
487.6 492.2 
536.0 541.0 
587.8 593.1 
644.4 650.3 
706.4 712.8 
772.8 779.6 
845.0 852.5 
923.6 931.7 
1011 1020 

1109 1119 

1220 1231 

1344 1357 








0.8 


26.76 
29.12 
31.62 
34.44 
37.40 


40.80 
44.30 
48.20 
52.20 
56.20 


61.00 
66.40 
72.70 
79.60 
86.60 


95.20 
104.2 


340.0 


313.2 
410.4 
451.6 
496.8 
546.0 


598.4 
656.2 
719.2 
786.4 
860.0 


939.8 
1029 
1129 
1243 
1370 
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HE main purpose of the soundboard in a 

piano is to amplify the tones produced by 
the strings. It is desirable to make this amplifica- 
tion as great as possible, but it is also necessary 
to get at least an approximately uniform re- 
sponse over as much of the frequency range of 
the scale as possible. The actual gain obtained 
depends upon the size of piano and type of 
soundboard. 

Piano makers are well aware of the importance 
of the soundboard in determining tone quality. 
In fact the difference between a good and bad 
piano may be simply a difference of soundboard 
material or structure. The material used for a 
soundboard has been standardized for a number 
of years and is now more or less the same for 
most pianos. There is, however, some variation 
in the structure and method of mounting em- 
ployed by different manufacturers. 

It is the purpose of this paper to describe some 
measurements devised to show the effects of 
soundboard structure and mounting on tone 
quality. The term ‘‘tone quality” in this case is 
used to describe general piano performance 
rather than merely to indicate the harmonic 
content of the tones. 


HIsTORY OF SOUNDBOARD DEVELOPMENT 


Considerable difficulty has been experienced 
in attempting to design a single structure that 
will respond uniformly to the full frequency 
range of the piano scale; since it covers the 
range from 27.5 cycles up to 4186. Almost any 
type of board will tend to discriminate against 
the tones of higher frequency. Furthermore, the 
string tones in the treble region are much weaker 
in energy and shorter in duration. 

As a result of this inherent difficulty, a great 
deal of experimentation has been resorted to by 
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piano makers in an effort to discover some ideal 
solution to the problem. This experimentation 
has involved a rather complete investigation of 
materials and of possible variations in structure. 
No material of any promise has been overlooked. 
In addition to the suitable varieties of woods, an 
attempt has been made to use such widely 
differing materials as metals, parchment and 
plywood, both individually and in various com- 
binations. The various structures have included 
double soundboards, separate soundboards for 
the treble part of the scale, cylindrical and box- 
like resonators, leverage devices, and auxiliary 
boards. Piano patent literature is replete with 
examples of this soundboard evolution. There 
are discernible style cycles or periods during 
which a succession of patents of a similar nature 
were persisted in. The net result was that none 
of these radical designs contributed any im- 
portant improvements in piano tone quality, and 
eventually all were abandoned in favor of the 
general type of board in use at present. 

For the past 25 years or so all manufacturers 
have standardized upon the main structural 
features of the soundboard. The shape of the 
board is made to conform generally to the shape 
of the piano case which, in turn, is determined 
by the size of the piano and the length of the 
strings. The board is made of quarter-sawed 
spruce. Spruce has proved to be the most satis- 
factory wood for this purpose, probably because 
it has a high ratio of elasticity to mass. The 
spruce strips are edge-glued together in such a 
way that the longitudinal grain of the wood runs 
from the treble to the bass corner of the piano. 
Ribs are glued to the underside of the board at 
right angles to the direction of the grain. Gluing 
is done in a hollowed form with the board in an 
inverted position; so that the top of the com- 
pleted board has a slightly convex shape. 
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Fic. 1. A motor-driven striker used for producing a continuous succession 
of strikes of equal intensity. 


The completed board is mounted in the piano 
by securely gluing the edges to the case, the 
gluing surface generally being in a plane. Some 
manufacturers taper the board toward the rear 
edge in an attempt to compensate for the added 
stiffness produced by the presence of the two 
bridges in this area. Another manufacturer has 
introduced the refinement of extending this taper 
for a distance around the treble edge of the 
board. 

The point of contact between the soundboard 
and strings consists of a bridge which is glued to 
the convex surface of the board in proper position 
for the speaking length of the string scale. Two 
bridges are provided; one for the middle and 
treble part of the scale and one for the longer 
bass strings. The side of the bridge making con- 
tact with the strings lies in a slightly higher plane 
than the ends of the strings so that they are 
raised slightly in passing over the bridge. This 
introduces a downward compressive force on the 
soundboard. The amount of compression can be 
varied for different sections of the bridge by 
raising or lowering the iron frame to which the 
ends of the strings are anchored. 


PRELIMINARY STUDIES OF SOUNDBOARD 
BEHAVIOR 


When our experimental work was started 
several years ago we were in search of some 
method for measuring the vibrational behavior 
of the soundboard when energized by various 
strings of the piano scale. We were in hopes that 
such measurements would help to explain why 
pianos of similar construction sometimes differed 
in tone quality. 

After some preliminary tests, it was decided 
that the vibrational behavior of the board could 
be determined, at least to some extent, by means 
of a suitable type of vibration pick-up applied to 
the upper surface of the board. All the accessible 
area of the board was marked off in two-inch 
squares and a mounting was provided for the 
pick-up so that its probe could be placed in 
contact with the board at the approximate 
center of each square. The output of the pick-up 
was coupled to a standard sound-meter system 
so that the relative level of vibration could be 
measured for all accessible squares on the board. 

The soundboard was energized by striking any 
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desired key with the motor-driven striker shown 
in Fig. 1. The speed and intensity of strike could 
be controlled by using different sizes and shapes 
of cams on the motor shaft. Easy selection of any 
key was made possible by mounting the motor 
and striker on a rack-and-pinion carriage. 
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Our first set of measurements was made on a 
5-foot 7-inch grand piano having a very accept- 
able tone quality as judged by musical experts. 
When these measurements were completed the 
compression on the board was deliberately mal- 
adjusted so that the tone quality was definitely 
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Fic. 2. Maps showing distribution of vibrational energy in soundboard of 5-ft. 7-in. grand 
piano for different adjustments of compression. 
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impaired. This non-uniform adjustment of com- 
pression produced an audible change both in 
intensity and duration of tone for certain sections 
of the scale. A second set of vibration-pick-up 
measurements was made with the piano in this 
condition. 

The data for each condition was tabulated in 
terms of percent of the maximum vibrational 
energy observed, and these percentage values 
were indicated by shaded squares on a map of 
the soundboard. The two maps obtained for 
middle C, Key No. 40, are shown in Fig. 2. The 
non-uniform compression refers to the malad- 
justed condition. The different shades represent 
percent relative vibrational energy in terms of 
the maximum observed for each condition of 
compression. The darkest shade shows the 
regions from 80 to 100 percent, the next 60 to 80 
percent, and so on down to 20 percent. The two 
lightest shades represent 10 to 20 percent and 
0 to 10 percent, respectively. 

A comparison of these two charts indicates 
that a greater area of soundboard is active for 
the condition of uniform compression. Moreover, 
the numerical data showed that the average level 
for the uniform case was 4 decibels higher than 
for the non-uniform condition. In the latter case 
some points had been reduced by as much as 14 
decibels, when the compression was maladjusted, 
whereas a few had been raised two or three 
decibels. The two charts shown typify the results 





Fic. 3. Photograph of soundboard sawed in two to show 
decrease in thickness toward edges. The contour lines 
represent regions of equal thickness. 
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obtained for several other keys distributed over 
the piano scale. 

From this data we concluded that the malad- 
justed compression had introduced buckling 
strains in the soundboard; thereby tending to 
stiffen certain portions. This added stiffness ap. 
parently interfered with the tendency of the 
board to vibrate like a diaphragm when energized 
by the strings. The response of the board under 
uniform compression was not only greater, but 
also more nearly like a diaphragm. Therefore 
these preliminary results seemed to indicate that 
anything that could be done to encourage the 
diaphragmatic response of the board would result 
in better tone. 


CHANGES IN SOUNDBOARD DESIGN 


The results summarized in the preceding 
section indicated that the tone quality and 
general performance of the piano could be im- 
proved by any change that would increase the 
responsiveness of the board. Such improvement 
is desirable at least for the treble part of the 
scale of any piano. For the smaller pianos that 
have been built in recent years, it was absolutely 
necessary to increase the response per unit area 
of soundboard in order to maintain the desirable 
standard of quality. This is true because of the 
inherent limitations of shorter string lengths and 
reduced soundboard area in these smaller instru- 
ments. 

Accordingly a study of soundboard construc- 
tion was undertaken with the following objec- 
tives in view: (1) Reduction of mass and stiffness 
of the soundboard; (2) elimination of any cross 
or buckling strains in the soundboard structure 
and its mounting. 

The minimum mass and stiffness that can be 
realized in a soundboard structure is fixed by the 
requirements for mechanical strength and resist- 
ance to compression. An inspection of the 
standard type of board indicated that it should 
be possible to make the board thinner at the 
edges and still fulfill these requirements. Accord- 
ingly in order to compensate for the greater 
thickness adjacent to the anchorage around the 
edge, the soundboard was tapered in a parabolic 
curve from the center of area toward all the edges 
as indicated in Fig. 3. The contour lines shown 
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Fic. 4. Drawing illustrating how edge of indented portion of soundboard between X 
and Y lies in a plane slightly higher than the other edges. The lines AA’ also show 


curvature of board and taper toward edges. 


in the figure are drawn through regions of equal 
thickness, showing that the rate of taper is less 
for the regions farthest from the center of the 
board. This tapering reduced the weight of the 
board approximately 7 percent, and static loads 
applied to the center of the board showed that 
the stiffness had been reduced 20 percent. This 
reduction appeared to be the maximum prac- 
ticable from the standpoint of mechanical 
strength. 

A study of the method of mounting the board 
in the piano case revealed at least one source of 
buckling strains that could be eliminated. The 
sketch in Fig. 4 shows the general shape of the 
grand-piano soundboard. Since the upper surface 
is slightly convex, the portion of the edge that is 
indented lies in a slightly higher plane than the 
other edges. However, when the board was 
mounted in the piano case, the standard practice 
had been to press all edges down to gluing sur- 
faces in the same plane. This procedure intro- 
duced a buckling strain in the portion of the 
board between the points indicated by X and Y 
in the figure. In order to eliminate this strain, 
the gluing surface in this region was raised to 
meet the raised edge of the board. 

We have already noted how undesirable 
strains might be set up in various sections of the 
board by improper adjustment of the compres- 








sion of the strings on the bridge. In order to 
minimize such strains, a method was devised for 
measuring the vertical component of force on 
the bridge for each string. The method for doing 
this is illustrated in Fig. 5. A special type of slope 
level or inclinometer was constructed for measur- 
ing the angle made by each string as it crosses 
the bridge. Then, from a knowledge of the tension 
in the string, it was a simple matter to calculate 
the downward component of force on the 
bridge. The possibility of measuring this force 
made it possible to adjust the compression on 
each piano in terms of a predetermined optimum. 





Fic. 5. This illustrates how the slope level is used in 
measuring the angle that the strings make with the hori- 
zontal plane at the point where they cross the bridge. 
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Fic. 6. Maps showing distribution of vibrational energy in old and new type of sound- 
board of 5-ft. 1-in. grand piano when driven with Key No. 4. The shaded areas represent 
percent relative energy as in Fig. 2. 
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Fic. 7. Maps showing distribution of vibrational energy in old and new type of sound- 
board of 5-ft. 1-in. grand piano when driven with Key No. 73. The shaded areas represent 
percent relative energy as in Fig. 2. 
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Hence our program of revision of soundboard 
structure and mounting involved three definite 
changes, as follows: 


1. Reduction of mass and stiffness by tapering. 

2. Elimination of buckling strains in mounting 
by raising the plane of the gluing surface along 
the treble edge. 

3. Minimizing adverse strains due to non- 
uniform compression by measuring downward 
force of strings and equalizing compression for 
different sections of bridge. 


MEASUREMENTS ON PIANOS WITH REVISED 
SOUNDBOARD 


After these changes had been worked out, the 
new type of board was adapted to a 5-foot 1-inch 
grand piano. A piano of the same size was fitted 
with a soundboard of the old type. Great care 
was taken to make every other detail of con- 
struction exactly alike in both cases. In order to 
eliminate differences in hammers, provision was 
made for using the same hammers and action in 
both pianos. The only differences, then, between 
the two pianos were the strings and the sound- 
boards. With modern methods of string manu- 
facture, the performance of strings can be dupli- 
cated to very close tolerance in successive instru- 
ments. Hence any audible difference between 
these two pianos should be due to the changes in 
soundboard design and mounting. 

The first comparisons between the two instru- 
ments were made by listening tests. There was a 
clearly audible difference in the sound produced 
by each. Pianists and musical experts showed a 
decided preference for the one with the new type 
of board. The general reason given for this 
choice was that this piano had a more “‘lively” 
response. Apparently, therefore, the changes in 
the soundboard had given the musicians some- 
thing they wanted. Our problem now was to 
express this improvement in terms of some kind 
of practicable measurement on the performance 
of the piano. 

Our first attempt in this direction consisted of 
a set of vibration-pick-up surveys similar to those 
described above. Instead of marking off the 
squares on the board, a removable grille was 
built to fit over the top of either piano case. This 
grille consisted of 4-inch squares covering the 
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entire soundboard area. Vibration-pick-up meas- 
urements were made at the approximate center 
of each square for all the accessible area of each 
board. Surveys of this type were made for about 
two dozen keys distributed over the scale. 
Typical results are shown in Figs. 6 and 7. Fig. 6 
is a comparison between the old and new type 
of board for Key No. 4 having a frequency of 
about 32.7 cycles, and Fig. 7 is a similar com- 
parison for Key No. 73 with a frequency of 1760 
cycles. The different shades have the same 
meaning as in Fig. 2. These charts are typical of 
the patterns obtained for the lower and upper 
sections of the scale. 

Our general conclusion from these surveys was 
that the changes in the soundboard had made a 
definite difference in its performance. Apparently 
the new design permitted more of the string 
energy to get into the board and this energy also 
appeared to be more evenly distributed. The 
average increase in vibrational energy for the 
new type of board was about 2.5 decibels. 

We next made a series of measurements of 
vibrational energy at the center of the board for 
the complete scale. Concurrent with these 
measurements, we measured intensity level of the 
air-borne sound in a plane 2 feet above the board 
and at a radius 10 feet from the center. The 
summary of these results is shown in Table I. 

The average gain per octave in the case of the 
new type of board is shown in the table both for 
vibrational energy and air-borne sound. Note 
that there is a reasonably close agreement 
between these two quantities in the three treble 
octaves. A somewhat greater gain is shown for 
the vibrational energy in the bass. These gains 
are not very great but even small increases are 


TABLE I. Summary of gain per octave in 5'—1"' grand piano. 











AVERAGE GAIN IN DECIBELS FOR NEW TYPE 
OF SOUNDBOARD 


VIBRATIONAL AIR-BORNE ENERGY 

ENERGY MEASURED MEASURED AT A RADIUS 

OCTAVE AT CENTER OF 10 FEET FROM CENTER 
1 4.8 2.3 
2 1.8 0.8 
3 4.6 j 
4 1.8 1.3 
5 y te 2.0 
6 2. ye | 
7 1. Ts 
Average VB. 1.6 
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Fic. 8. Photographs illustrating the use of a gravity-operated striker for tone-decay 
measurements. The height of the plunger may be adjusted for a predetermined intensity 
of strike. When the clamping jaws are released the plunger falls and produces a single 
strike on the key. 
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welcome in the treble part of the scale, which is 
inherently weaker. 

Our measurements thus far showed that the 
new type of soundboard vibrated more freely 
than the old type and that the radiated sound 
was slightly greater for the same intensity of 
strike. We were not certain, however, that this 
difference in energy output accounted for all of 
the difference in “‘liveliness’’ observed by the 
musicians. Accordingly we decided also to com- 
pare the duration of tone for the two instruments. 

For this measurement each key was actuated 
with a single-action gravity-operated striker 
illustrated in Fig. 8. A tone-decay meter was 
arranged so that it started a timer when the tone 
was struck. The circuit was adjusted so that the 
timer was stopped when the intensity of the 
initial tone had decreased 30 decibels. These 
measurements were confined to the upper part 
of the piano scale; since it was in this region that 
the differences were most audible. The results 
are summarized in Table II. 

The data in Table II shows that the new type 
of board increases the average time of tone dura- 
tion about 30 percent, for the part of the piano 
scale above the fourth octave. Fig. 9 is a graph 
of the time required for a 30-decibel decay of the 
individual tones above the fifth octave. It is 
interesting to note that the decay period is 
longer for the new type of board for almost all 
of the tones in this part of the scale. It seems, 
therefore, that the new board has accomplished 
an important change in the time of tone duration. 


TABLE II. Summary of decay periods for treble tones in 
5’—1” grand piano 
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6 1.26 1.74 0.48 38 
7 0.85 1.10 0.25 29 
8 0.65 0.89 0.24 | 37 
Average 110 | 1.46 | 0.36 | 32 
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Fic. 9. Graphs showing times for 30-decibel decay of tones 
for old and new type of soundboard. 


GENERAL CONCLUSIONS 


Our general conclusions on this experimental 
work are as follows: 

1. The changes in structure of the soundboard 
and its mounting have increased its tendency to 
vibrate like a diaphragm with the maximum 
amplitude near the center of the board. 

2. A systematic method of adjusting the 
downward pressure of the strings permits an 
optimum equalization of this pressure for differ- 
ent sections of the bridge. Such equalization also 
aids the board in its diaphragmatic response. 

3. The increased response of the board has 
resulted in a small increase in intensity level of 
the air-borne sound. The pianist can produce 
slightly louder tones with the same amount of 
playing effort. 

4. The increased response of the board has 
definitely increased the duration of tone for a 
given intensity of strike. This is a major factor in 
increasing what the musician calls the ‘“‘liveli- 
ness”’ of the piano. 
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The Sound of Bells 


Jottings from my Experiences with the Sound of Bells 
The Strike Note 


Jan Arts 
““Huize Ruwenberg,’’ St. Michielsgestel, The Netherlands 


ITH regard to the strike note of bells I 

have recently written,! “I for one am of 
opinion that the fifth partial, both in the case 
of small bells and big ones, originates the strike 
note. In defining the objectively nonexisting 
strike note, my only guide is the fifth; a guide 
fully to be relied on even in the most critical 
cases’; and in order to show that the 5th 
partial originates the strike note also in the case 
of small bells, I gave a convincing specimen of 
two bells with diameters of about 40 cm. 

Before that I had little opportunity to experi- 
ment with bells smaller than the ones mentioned 
above until I received an invitation from a bell- 
founder to come and test his experiments in the 
domain of the carillon. The carillon (range: 
bb’---bb’’’) tuned on the normal tone a’ 435 
cycles, stood mounted in the foundry. The purity 
of the 13 octaves was striking. In nearly all these 
bells the two octaves (i.e., Ist, 2nd and 5th 
partials) were perfectly pure; only the bells 
f'", g%’” and a’” made a striking exception. 
Table I shows the tone relations of the 1st, 2nd 
and 5th partials. 

This table shows that the 5th partial, especially 
in the f’” and a’” bells, deviates considerably 
from their 1st and 2nd partials. From the fact 























TABLE I.* 

BELL | f'” 0/0 2e’” 0/0 a’”’ 0/0 
Sth | "7/16 | g#’"" 4/16 | a’ 16/16 
2nd | f’” 0/0 ge” 0/0 a” Gf 
Str. note | £” 0/0 22” 0/0 | a” 0/0 
Ist | £” 0/0 | ge” 0/0 | a” 0/0 
Diameter 31.5 cm 29.5 cm 27.8 cm 
Weight | 21.5 kg 20.0 kg | 16.5 kg 











* For the meaning of the notation employed see an earlier paper in 
J. Acous. Soc. Am. 10, 327 (1939). 





1 Jan Arts, J. Acous. Soc. Am. 9, 344 (1938). 
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that the strike notes of these three bells made a 
pure octave with the strike notes of the f’’ 0/0, 
ge’ 0/0 and a” 0/0 bells of the carillon, we may 
infer that the fifth partial originates the strike 
note only to a certain extent. 

Quite accidentally there were in the foundry 
four detached small bells which I examined too 
as to their strike note. Table II and the following 
‘“‘Remarks”’ record my experiences. 




















TABLE II. 

BELL No. I No. II No. Ill No. IV 
2nd 19/16 e”””" a’’”’ 8/16)? ? 
Str. n. e’’"" 12/16\a"""” 8/16|b""" 8/16 |e" 12/16 
ist e’”” 12/16\a’"” 8/16\b’" 8/16 |c’””’ 12/16 
Diameter | 17.5 cm 14.0cm}12.5cm)| 11.5cm 
Weight | 5 kg 2.5 kg 2.0 kg 1.8 kg 
Soundbow 17 mm 13mm | 11mm 11.5 cm 























Remarks.—(a) These 4 bells are planned after 
the normal bell-profile. (b) When struck with the 
clapper, in the bell No. I, the 2nd partial is 
clearly discernible from the 1st partial, in No. II 
hardly and in No. III and No. IV not at all to 
be heard. (c) When struck with the clapper the 
bells No. II and No. III give a perfect major 
second, the bells No. I and No. IV, a perfect 
major sixth. (d) If bell e’’’”’ 12/16 (i.e., 4/16 f’’”’) 
of Table II is sounded together with or after the 
f’” 0/0 bell of Table I, an almost pure octave 
interval was heard. These observations may 
show, that in the case under consideration the 
strike note is not originated by the 2nd, but by 
the 1st partial. 

Shortly afterwards I was in St. Laurens’ belfry 
at Rotterdam, where there is a chime founded by 
F. Hemony in 1660. Table III shows the relations 
for two of the bells of this carillon. If first the 


75 c’”’ and immediately after the 3 c’’”’ bell was 


JAN ARTS 


TABLE III, 








is hd ils 








5/16 ¢’’”" ? 
c’””” 6/16 


5/16 oc” 
5/16 c’”’ 
5/16 c” 











sounded, the result was an octave a shade too 
small. This again shows that the first partial 
originates the strike note and not the 2nd 
partial. 

After stating these facts, I further searched 
after the origin of the strike note in the case of 


small and smallest bells and arrived at the 
following conclusions: (a) The strike notes be- 
tween g° (190 cycles) and e’”’ (1300 cycles) are 
called forth by the 5th partial; (b) The strike 
notes from e’’”” and upwards are called forth by 
the ist partial. 

Now I ask myself: Will the 5th partial as 
originating the strike note maintain itself as such 
in the case of bells, lower than g° or will it 
possibly confer its function on the 10th partial? 
This is for me as yet an open question, there 
being in Holland, as far as I know, neither 
carillon- nor churchbells, whose weight exceeds 
about 5000 kg and whose strike note is below g’, 
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A Suggestion for Simplified Musical Notation 


PRESTON EDWARDS 
Sweet Briar College, Sweet Briar, Virginia 
(Received September 1, 1939) 


UR existing system of musical notation 

seems, like the English system of weights 
and measures, to have “‘just growed.” In fact it 
seems to have grown into about as needless com- 
plication as the latter, and it is the purpose of 
this article to describe an attempt to devise a 
simpler and more rational method. 

The proposed method would employ a different 
staff, based on the piano or organ keyboard, 
divided into 12 equal vertical spaces for the 12 
semitones of the octave. Of these spaces 7 are 
white, representing the white keys, and 5 are 
shaded, representing the black keys, in their 
proper order. Incidentally, the vertical scale is 
logarithmic, if we are using the tempered musical 
scale. A sample strip of the staff is shown in Fig. 1. 

The figure also shows the notes of the B Major 
scale written in. The notes are simple black bars, 
written in the proper spaces for pitch, duration 
being indicated by the length of the bars. The 
representation is thus psychologically correct, 
the two features which are directly perceived and 
accurately subdivided by the ear, namely pitch 
and time, being represented by the two spatial 
dimensions of a plane figure, which are measured 
with similar accuracy by the eye. Further ex- 
planation seems unnecessary for anyone at all 
acquainted with music. Figs. 2(a) and 2(b) show 
two portions of a familiar harmony, the two 
showing different groupings of staff to accom- 
modate combinations of notes ranging over 
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Fic. 1. Scale of B Major in simplified notation: one type 
of symbol needed—the straight bar; compare with the 
variety of symbols needed to write the same scale in 
ordinary notation. 


several octaves, also different ratios of time scale 
to pitch scale. 

Several advantages of the use of such a system 
seem fairly evident, as 

(1) It is easy to read, without special musical 


OT adn coreenenteny CT Ue La 
a . 


Tofavs tenet ammmgan 





























(b) 


Fic. 2. Portions of a familiar harmony, in simplified 
notation. 


training; about the only requisite is a sense of 
time, or rhythm. 

(2) It dispenses entirely with signatures, 
clefs, open and closed note-heads, stems, hooks, 
and rests of all kinds, flat, sharp and natural 
signs. 

(3) It would greatly simplify the designing 
of a machine to write music, like a typewriter. 

(4) It would probably simplify transposing of 
music for certain orchestral instruments, as it 
always gives equal musical intervals equal 
spacing in the score. 
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On the Theory of Fluctuations in the Decay of Sound 


R. CLARK JONES 
Research Laboratory of Physics, Harvard University, Cambridge, Massachusetts 


(Received August 23, 1939) 


A solution which is suitable for numerical computation 
is obtained for the classic problem of random flights in 
two dimensions with flights of unequal length. The solution 
is obtained by a development in series of the exact integral 
solution. The solution is applied to one aspect of the 
problem of the fluctuations present in the intensity of sound 
as it decays in a room. It is assumed that the room has 
reached a steady state of vibration under the excitation of 
a single frequency, and that the normal frequencies of the 
room are randomly distributed. The period of the decay 
is then broken into two sub-periods, in the first of which 
there is some degree of coherence in the phases of the normal 


INTRODUCTION 


T is well known that the decay of sound is not 
the smooth exponential decrease that is pre- 
dicted by elementary theory. There are at least 
two reasons for the departures: The form of the 
decay is actually that of a sum of exponentially 
decreasing terms, each representing the ampli- 
tude of a normal mode of vibration; in general 
the decay constants of the various normal vibra- 
tions will not all be the same, so that the decay 
curve will depart from a simple exponential 
form.! Secondly, there will be superposed on this 
smooth, nonexponential decay fluctuations in 
the pressure amplitude which are caused by 
interference of the various normal modes of 
vibration. The total sound energy in the room 
will not fluctuate, but at any given point in the 
room, the pressure will fluctuate because of 
interference between the normal vibrations. 
Particularly in the case of excitation by only a 
few frequencies, the fluctuations produced by 
such interference may be important. There is 
some possibility that these fluctuations are 
among the criteria by which one judges the 
acoustical “goodness’”’ or “‘badness’’ of a room.’ 
It also seems possible that they are one of the 
means by which the blind are able to judge the 


1F, V. Hunt, L. L. Beranek, and D. Y. Maa, J. Acous. 
Soc. Am. 11, 80 (1939). 

2W. J. Albersheim and J. P. Maxfield, J. Acous. Soc. 
Am. 5, 220A (1934). 
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vibrations. The treatment presented in this communication 
applies to the second part of the decay, comprising all but 
the first /k seconds, for which the phases as well as the 
frequencies of the normal vibrations may be considered as 
distributed at random. It is found that the relative extent 
of the fluctuations which may be traced to beats between 
normal modes of vibration, does not depend appreciably 
on the number of characteristic vibrations excited unless 
the number is so small that statistical considerations are 
not helpful, nor does it depend significantly on the size or 
shape of the room. 


size and shape of a room with such uncanny 
accuracy.’ 

Let us examine more closely the nature of 
these fluctuations. If a room has been brought to 
a steady state of oscillation under the excitation 
of a single frequency, each of the modes of 
vibration will be oscillating at the driving fre- 
quency, with an amplitude and relative phase 
determined by its natural frequency and its decay 
constant, and also by the position of the source.‘ 
If the source were put at the corner of a rectan- 
gular room, the source would be at a velocity 
node for every natural mode of vibration, and 
all the normal vibrations in a certain frequency 
range would be excited. 

Each of the natural modes of vibration will 
begin to oscillate with its own frequency and to 
decay with its own rate, at the moment when the 
exciting unit is silenced. At this moment the 
phases of all the modes of vibration will lie 
within 180° in the vicinity of the source; as one 
moves away from the source, still at the moment 
when the source is silenced, the normal vibrations 
will reverse their phases at varying distances. 
The complications of this picture are removed, 
however, if we wait a time of the order 7/k, 
where k is a suitably averaged decay constant. 


3 Lord Rayleigh, Theory of Sound, second edition, Vol. 2, 
2 


“+P. M. Morse, Vibration and Sound (McGraw-Hill, 
1936), Chap. VIII. 
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THEORY OF FLUCTUATIONS 


Because of the different frequencies of the normal 
modes of vibration, this time is sufficient for the 
phases to become distributed at random, if we 
assume, as we shall in the following treatment, 
that the normal frequencies are randomly dis- 
tributed. After this initial period, then, the 
fluctuations will be caused by the interference of 
a number of slowly decaying natural vibrations 
of adjacent frequencies, with random phases. 
There will be a random element in the frequency 
distribution of the normal modes of vibration, 
and in their amplitudes if we consider the effect 
of the position of the source and microphone in 
the room. 

The type of randomness to which we refer here 
is not due to any essential indeterminateness of 
the physical situation, but is simply caused by 
our disinclination and inability to perform the 
elaborate calculations necessary to make the 
situation more determinate. 

In addition to the normal vibrations excited by 
the single impressed frequency, there will be 
present in the decay vibrations initiated by the 
sudden stopping of the source. At the beginning 
of the decay, these vibrations will constructively 
interfere in such a manner as to produce the 
fluctuations which may be discussed approxi- 
mately from the point of view of images of the 
source in the walls. Eyring’s study® of these 
fluctuations, from the latter point of view, 
indicates that such fluctuations depend strongly 
on k, and decrease rapidly in extent as the sound 
decays. We shall ignore in the following treatment 
the vibrations which are initiated by the stopping 
of the source. 


THE NATURE OF THE PROBLEM 


In order to find the amplitude of the fluctu- 
ations in the pressure at the microphone we are 
led to a study of the relative probability of the 
various amplitudes which can be the resultant of 
the amplitudes of each of the natural modes of 
vibration, under the condition that the phases of 
the elementary oscillations are distributed at 
random—that is to say, all phases between zero 
and 2x are equally probable. 

This problem is mathematically very similar to 


°C. F. Eyring, J. Soc. Mot. Pict. Eng., May (1930). 
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the problem of random flights in two dimensions, 
which was first proposed by Pearson® as the 
“Problem of the Random Walk,” which he thus 
formulated: ‘‘A man starts from a point 0 and 
walks / yards in a straight line; he then turns 
through any angle whatever and walks another 
l yards in a second straight line. He repeats this 
process ” times. I require the probability that 
after these m stretches he is at a distance between 
r and r+dr from his starting point 0.” 

The problem with which we are concerned is 
the generalization to the case in which the 
stretches are of unequal lengths: p;, peo, «++ Pn. It 
may be shown’ that the rigorous solution to the 
generalized problem is 


PAs, p's) = rf J (rx) I,J o(pix)dx, (1) 


where P, is the probability that the man is less 
than the distance r from his starting point; 
where 


Te Jo( pix) = Jo(pix)Jo( pox): ++ Jo(pnx) ; 


and where Jo and J; are Bessel functions of the 
zero and first order. 

In the application to our problem, the p;’s are 
the pressure-amplitudes of the natural modes of 
vibration, while the random angles are the 
angles 


2rfit+61, 2fettse, +++, 2afattsn. 


Each of the ~;’s may thus be considered as a 
two-dimensional vector, rotating with the fre- 
quency f;. If R is the resultant vector, the 
projection of R on a fixed line through 0 is the 
instantaneous pressure of the resultant sound, 
while the length of R is the pressure-amplitude of 
the sound. Since we are still assuming excitation 
by a single frequency, all of the f;’s will lie in a 
narrow range of values; the ” p vectors, and thus 
also R, are therefore all rotating about 0 with 
the approximate frequency fy. But superposed on 
this rotation is a slow change in the relative 
positions of the p vectors, which results in a 
change of the length of R. This random variation 


6K, Pearson, Nature 72, 294L (1905). 

7G. N. Watson, Theory of Bessel Functions, p. 419. 
(Cambridge, 1922); Lord Rayleigh, Phil. Mag. 37, 321 
(1919). 
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in the length of R constitutes the fluctuation of 
the pressure-amplitude of the sound in which we 
are interested. 


THE MATHEMATICAL DEVELOPMENT 


We should like to know the distribution 
function which gives the relative probability of 
various values of r. This is clearly not Pp, but is 
dP,/dr. Since the integrals in question are 
absolutely convergent,’ we may differentiate 
under the integral sign to obtain 


dP, ar= [ { Ti(rx) +rxJi' (rx) } TI, Jo(p.x)dx. (2) 
0 








We first substitute the series for Jo(p:x) : 


in the series for log (1+=2) : 


to obtain 


By summing over k we now find: 


> « log Jo(p.x) =log 1, Jo(p.x) 


=—®, 


where 


resultant sound. 
From (8) we have 


where @ is given by 


8 Provided that n> 4. 
*K. Pearson, Drapers’ Company Research 








CLARK 


log (1+2)=s-—2 


Memoirs, Biometric Series, No. 3. 


JONES 


By use of the recurrence relation 
nJ (2) +2J »'(2) =2Jn_-1(2), (3) 


(2) becomes 
aP.. dr=rf Jo(rx) 1, Jo( pix) xdx. (4) 
, 0 


The expression for dP,,/dr given by (4) is still 
not in a usable form. In order to obtain an 
expression for the integral in (4) which will be 
suitable for computation, we shall employ an 
approximate method which is a generalization of 
a procedure due to Pearson.® 


Jo(piux) = 1— (pyx)?/(2?- (1!)?) + (pex)4/ (24+ (2!)?) —- ++ (5) 


2/2+23/3—-+-, (6) 


log Jo(pix) = — (pyx)?/2?— (pyx)4/2®— (ppx)®/24?— 11(p,x)8/ (3-214) 
—19(p,x)/(75 +218) —473(p,x)!2/(405-218)—---. (7) 


= —(x2/22)S—— (x4/28)S4— (x®/242)S5—(11x8/3- 2!) S3— (19x"/75 +213) Si 


— (473x12/405 -2"8)Syo—--- 
(8) 


Sea= > (Px). (9) 


The quantities Se, S4, etc., which we have here introduced will be of importance in all that follows. 
The first of these quantities, S2, is the sum of the squares of the various amplitudes which make up 
the sound we are studying ; S2 is usually interpreted as the time average of the pressure-squared of the 


I,J 0( pix) =e * 


= e~ (2/2)? S298 


(10) 
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~) — (x/2)?S2— 
= — (x¢4/28)Sq— (x8/242)Se— (11x8/3-2"4)Sg—(19x!9/75 +218) S19— (473xc!2/405-2")Sy—-++. (11) 


We now substitute (11) in the series for e®: 


= 1+0+0?/2 14 stad 
= 1 —(x!/26)S4— (x8 /242) Sp— (x8/3- 214) (11.S3— 6.542) — (x!°/225 -218)(57S19— 50455) 
— (x!2/405 - 2°) (1892.5. —640.S_2— 1485.5,S3+270S8)—--+. (12) 


In terms of ©, (4) becomes 
dP, ar=rf J o(rx)e~ (2/2)? S2e@xdx, (13) 
0 


where e® is considered to be defined by (12). We are now ready to use an integral relation due to 
Hankel,!® of which the following is a special case: 


f J of (rx) e~ —(z/2)? Se ¢2'+1d x = 2 21+ 1] 1S 5-4 De-??/ Se iF\(—l, 1, r?/S 2), (14) 


where 
a a(a+1) 
iF \(a, B, 3) = ok g?+--- (15) 
118 2 '8(8+1) 





is the confluent hypergeometric function in the notation of Barnes;" it is related to the confluent 
hypergeometric function M;, (z) defined in Whittaker and Watson” by 


iF y(a, B, 2) =2-*el*Myg a, 18—1(2), (16) 


and is directly related to the LaGuerre functions, which are used in solving the Schroedinger equation 
for the hydrogen atom, by™ 


Ly*(z) =(—1)4A!C, 1Fi(u—A, u+1, 2), (17) 
where C,” is a binomial coefficient : 
=TA+1)/(TA-#+1)z}); 
(18) 
=i!/((A—) !u!) if \ is an integer. 


Substituting (12) in (13), and using the relation (14), we may obtain the following series for the 
distribution function dP,,/dr: 


dP,,/dr = (2r/S2)e-*!S2 {1 —(S4/2S2?) 1F\(—2, 1, r2/S2) —(2S¢/3S2*) 1Fi(—3, 1, r2/S2) 
— ((11.S3— 654?) /8S24) 1Fi(—4, 1, 1?/S2) — ((S7S1o— 50.S4S6)/15.S25) 1Fi(—5, 1, 1°/S2) 
— ((1892.Sy2—640.S52— 1485.S4Ss+270S8)/144S25) 1Fi(—6, 1, r2/S2)— +++}. (19) 





4H. Hankel, Math. Ann. 8, 469 (1875). 

ne, W. Barnes, Trans. Camb. Phil. Soc. 20, 253 (1908). 
2 E. T. Whittaker and G. N. Watson, Meders Analysis, fourth edition (Cambridge, 1927), p. 337. 
4H. A. Bethe, Handbuch der Physik, 24/1, p. 282. 
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It is important to know just what are the 
limits of the validity of this series expansion. The 
series obtained in (7) fails to represent the 
function log Jo(p,«) as soon as Jo(pxx) decreases 
to zero, as it will when its argument p,x reaches 
the value 2.41. Therefore (8) holds only so long 
as x, the variable of integration in (1) and (4), is 
less than 2.41/pm, where pm is the largest of the 
pis. We now see the condition that (19) be a 
satisfactory expression for the integral (4); the 
condition is that essentially all of the contri- 
butions to the integrals (4) and (13) come from 
those parts of the integrands for which x is less 
than 2.41/pm. 

Now, Jo(z) is an oscillating function, starting 
out from z=0 with a zero slope and the value 
unity. It decreases to —0.40 at z=3.8, and rises 
to 0.30 at z=7.0; its remaining maxima and 
minima have an absolute value given quite 
closely by (2/zx), and the successive maxima 
are separated by an interval" of about 27. One 
sees, therefore, that IT,Jo(f.x) will become and 
remain small before x rises to 2.41/» if there is a 
sufficient number of normal vibrations of com- 
parable amplitude. For example, if there are 
four modes of vibration each excited to the 
amplitude ~, (Jo(px))* will drop from the value 
unity to 0.1 at px = 1.4, and will rise only to 0.025 
at px=3.8, and to 0.008 at px=7.0. Similarly, 
for px= 2.41, the first exponential factor in (13) 
has fallen to 0.003. 

Equation (19) clearly fails to represent dP,,/dr 
for values of r greater than S,, the sum of the 
individual amplitudes, since even if all of the 
vibrations are coherent, the resultant cannot 
be greater than S;. This difficulty will be of no 
importance in obtaining average values from 
(19), however, because of the presence of the 
exponential factor in (19). 

In obtaining averages from (19), the following 
relation will often be useful : 


14 A table of Jo(z) is given in Rayleigh’s Theory of Sound, 
Vol. 1, p. 321. A plot of this function is on p. 23 of I. B. 
Crandall’s Theory of Vibrating Systems and Sound (Van 
Nostrand, 1927). 
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(2/ Ss) f rmtle—r?/S2 1 Fi(—I, 1, r?/S2)dr 
0 


Soimd,(—1)*T(4m+s+1)C,!/s! 
Soi" T(3m4+1)E,(—1)*Cy8t eC, 


= Soi" T(4m+1)(—1)'C," (20) 
s=0,1,---,i, 
where m is an integer, and where 
r'(n+1)=(3n)! 
if m is even; 
= 2-Mnt)].3-5--+(m—2)-nv/z, (21) 


if m is odd and positive ; 
= 2-MtD 4 /r/(n+2)(n+4)---(—1)-1, 


if m is odd and negative. 


The proof of the last step in (20) may be obtained 
by equating the coefficient of the correct power of 
x in the expansion of each side of 


(—1)"(1 xx) ra = (1 +x) /x) (1 — (1 +x) /x)! 


by means of the binomial theorem. 
If w=u(r), the average value of u(r) is given by 


f u(r)(dP,,/dr)dr 


i= —_—_——- 
2) 


f (dP,,/dr)dr 
0 





(22) 


Since P,, is a probability, the denominator should 
be unity; it is possible, however, that dP,,/dr has 
lost this property in (19) because of the approxi- 
mations made. This is not the case, as we may 
easily show. The contribution of the first term of 


(19) to {(dP,,/dr)dr is 
f (2r/S2)e—"!/S%dr =1'(1) = 1, 
0 


while the contribution of each of the remaining 
terms, by (20), is proportional to 


C,°=0 for />0. 
The distribution function dP,,/dr is still properly 
normalized, therefore, and we have 


D 


a={ ‘ult)(dPs, ‘dr)dr. (23) 
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THEORY OF FLUCTUATIONS 


There is another way of checking (19). We 
know from elementary theory that the average 
value of r? should be the sum of the squares of 
the components. By (23), the first term in (19) 
contributes to (7”)4 by the amount 


(2, sy) f ree? | S2dr = Sef (2) =S2; 
0 


by (20), the contribution of each of the remaining 
terms is proportional to 


C;i=0 for I>1. 


The series (19) thus gives the result 
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(7?) w= Se, (24) 


which is demanded by elementary theory. 

Of immediate physical interest are the mean 
square fluctuation of the pressure, and the mean 
square fluctuation of the pressure-squared, or 
intensity. We have at once 


Ao= ((r—Py)?) av 
= (7?) ay — 2 (Pm)? + (mv)? 
= (??)w— (tw)? (25) 
and similarly, 
Ay= (r*— (17?) av)?) av 
= (1*)w— (7?) w)?. (26) 


To find Az and Ay, there remains only the evaluation of r4 and (r*)4 from (23), (19), and (20). The 


result is: 


ty = (Som /4)? {14+S4/ (16.522) +.S¢/ (24523) +5(11S3— 6542) /(2°So4) +7(57S10— 505456) /(15 + 28825) 


and 


(74) y= 2S2?— Su, 


from which, with (24), we find 


Ae/S2=1—(/4) {14+S4/(8S22) +.S6/(12S2%) + (55.S3— 28.542) /(29S24) 


+ (133.S10— 115.5455) /(5 + 27525) + (198665 12— 6656.552— 15345545; 


or 


Ae/Se=1—(m/4) {1+S4/(8S22) + (32S¢/S2?—21S2 


+7(1892S 2— 640.552 — 1485.S4S3+27054°) /(3-2!4S28)+---}, (27) 
(28) 
+ 27005843) /(9-2!2S8) +--+} (29) 

So) /384+(110S5/S2t— 184S4S5/S2° 
+75543/S8)/1024+---}, (30) 


where we have grouped together in (30) those 
terms which are effectively of the same order in 
the number of normal vibrations excited. We 
find also 


A4 ‘S22 = 1 — S; So. (31) 


These relations, (30) and (31), are the result 
toward which we have been working. They give, 
in terms of the amplitudes of each component, 
the mean-square fluctuation of the pressure and 
pressure-squared of the resultant sound. 

In general, rather heavy cancellation of terms 
may occur in (30). An example of this is afforded 
by the case in which there are » components of 


equal amplitude. Then (30) and (31) become 
Ao= S2(1— (2/4) {1+1/(8n)+11/(384n?) 
+1/(1024n*)+---}), 


(30’) 


A,y=S.2(1—1/n). (31’) 


Pearson® has treated this case of m equal com- 
ponents at considerable length. He presents 
exact solutions for n=2 and 3, and highly accu- 
rate graphical solutions for n=4, 5, 6 and 7. 
It is an interesting case of cancellation of errors 
that (31’) happens to be exact for the three 
cases of n=1, 2, and of course, infinitely 
large. 
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APPLICATION TO THE DECAY OF SOUND IN A ROOM 


We shall assume that the room has reached a 
steady state of vibration under the excitation of 
a single frequency. Let fy be the exciting fre- 
quency, and f the natural frequency of a natural 
mode of vibration. Since the steady state is one 
of forced vibration, the amplitude, p, of a 
normal vibration is related to the amplitude, po, 
of a resonant mode of vibration by 


b(f) =kpo/((2rAf)?+k?)', 
Af=f—fo. 

We have here made the assumption that the 

decay constant, k, of each mode of vibration is 

the same, and that k is small compared with fo. 


The average number of natural modes of 
vibration in a unit frequency interval is!® 


Ni(f)=dN/df=4rVP/e 
+nrAf/(2c?)+L/(2c), 


where V and A are the volume and total surface 
area of the room, Z is the sum of the three 
dimensions of the room, and c is the velocity 
of sound. 

We proceed to calculate for this case the 
quantities S2, defined by (9). We shall calculate 
them for the moment that the source is turned 
off ; since we have assumed that the decay con- 
stants of all the modes of vibration are equal, 
however, each of the S2,’s will decay as e~?**', 
and this behavior of the S’s is just such as to 
make constant during the decay the ratios of the 
S’s which appear in the right members of (30) 
and (31). The relative extent of the fluctuations 
will therefore remain constant after the initial 
transition from ordered to random phases. 

Combining (32) and (33), we have with ob- 
vious approximations, 


(32) 


where 


(33) 


Su! =E(p)*= f p*(f)(dN/dfydf 


= (2m) "pk Ny f (x? k?) «dx 


= po**k No2-* {1-3---(2a—3)}/(a—1)!, 

ifa>1 
= pork No/2, if a=1, 
where No= Ni(fo). 


1% T), Y. Maa, J. Acous. Soc. 


(34) 


Am. 10, 235 (1939). 
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We have neglected something in deriving (34), 
however. We have yet to take into consideration 
the distribution of amplitudes caused by the 
fact that the source and microphone will not 
always be at a pressure antinode of the excited 
modes. Rather, since the space distribution of 
pressure in a not too highly absorbing rectangular 
room is of the form* 


p=sin (w:x/c) sin (wyy/c) sin (w.2/c), 


the amplitudes as perceived by the microphone 
will have a statistical distribution given by 


=|sin 0; sin 02 sin 63 sin 64 sin 05 sin 06|, (35) 


where the 6’s are distributed at random. 

The effect of this distribution which exists in 
addition to that given by (32), is to give to the 
S’s the form 


Soa = Sued f sin?*6d@ 
0 


6 


= Ss,’ {1-3-5+ + +(2a—1)/2-4-6-- 2a}! 
=} p%kNo{1-3-5-++(2a—1)/2-4-6- + -2a}s 
(36) 
x {1-3-5+++(2a—3)/2+4-6+ + +(2a—2)}, 
if a>1, 
= dpo?kNo/2°, if a=i, 


from which we find 
S2= po? kNo/2', 
S1=3*potkNo/2”, 
So=3-5*pookNo/2*, 
Ss=5-(35)*pookNo/2". 
The result of substituting (37) in (30) and 
(31) is 
As/S2=0.2146—1.12/kNo—18.2/(kNo)* 
—975/(RkNo)*— 
Ay/S2?=1—729/(64kNo). 


A rough estimate of the smallest value of RNs 
for which (38) and (39) can be trusted, may be 
obtained by the following consideration. The 
probability for y to be greater than one-half™ 


16 If @; is uniformly distributed in the range 0< 6;< 31, 
the probability of the element I1;d@; of 6-space is 
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is approximately 1/70. From (32) we find that 
the frequency range for which # is greater than 
po/2 is about 0.55k cycle per second. Putting 
these facts together, we find that kN» must be 
at least as large as 4- 70/0.55 = 500 in order that 
the four largest amplitudes be of comparable 
magnitude. This estimate is not a conservative 
one; we should be wise to consider that kNo 
must be larger than 1000. 

We thus find that with values of kN» for which 
(38) and (39) hold, the fluctuations are large, 
but depend only slightly upon k or No. For 
kN, =500, the ratios (38) and (39) are reduced 
1 percent and 2 percent, respectively, from their 
limiting values as kN» becomes infinite. 

The problem we have just treated is the one 
that is met in practice, with both the source and 
listener ‘‘somewhere’”’ in the room. Under experi- 
mental conditions, on the other hand, it is 
possible to place the source or microphone in the 
corner of the room. (If it is the microphone which 
is put in the corner, it must not be a velocity 
microphone!) In this case the random element 
will not exist for the unit placed in the corner. 
The result is that y becomes 


Y= |sin 0; sin 02 sin 63| 


and the exponent 6 appearing in (36) must be 
replaced by 3. Proceeding as before, we find for 
this case 


As/S2= 0.2146 —0.33/kNo—1.05/(kNo)? 


—8.7/(RNo)’, (38’) 


Ay/S22=1—27/(8kNo), (39’) 


where kN,» must now be not less than about 35, 


(2/r)"I1;d0;, where n is 6 for the present case. If we let 
x;=log sin 6; the probability of an element in x space is 
(2/m) "I dx; /(e-**i—1)* .The probability that y is greater 
than 3 is then the integral of this probability over that 
part of x space for which log }<2;x;<0. If m is not too 
small, most of the contribution to the integral will come 
from that part of the integrand for which x; is small; 
under this condition (e?#i—1) may be replaced by —2x;. 
If we now let 2; = —x;/log 2, the integral may be evaluated 
by a relation due to Dirichlet (Whittaker and Watson, 
reference 11, p. 258). The probability for y to be greater 
than } so obtained is 


2(2 log 2/m)4"/(nT(4n)). 


The values of this expression for nm =3 and 6 are 0.220 and 
0.0143, Since our approximation leads to values that are 
too large for small values of n, the case of n=3 was exam- 
ined by breaking the range of @ into subintervals, and 
counting cases. The value thus obtained was 0.19. 


FLUCTUATIONS 
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or more conservatively, 70. The fluctuations are 
still insensitive to kRN»o in the range for which 
(38’) and (39’) are dependable. 

We have in (38) (and (38’)) the ratio of the 
mean square fluctuation of the pressure to what 
is ordinarily interpreted as the average pressure- 
squared, while (39) (and (39’)) are the ratio of 
the mean square fluctuation of the pressure- 
squared to the square of the average pres- 
sure-squared. If we introduce the word intensity 
as meaning the pressure-squared, we may say 
that (39) is the ratio of the mean square fluctua- 
tion of the intensity to the square of the average 
intensity. 

It is important to realize that (38) and (39) 
were obtained by assuming that the decay con- 
stant, k, was the same for all the normal modes 
of vibration in question. If this were true, (38) 
and (39) would hold during all but the first +/k 
seconds of the decay. The decay constant will 
not be the same for all the modes of vibration, 
however, and therefore our procedure in this 
section is only approximate. Furthermore, if the 
k’s are not all equal, the ratios of the S’s which 
appear in (30) and (31) will vary as the sound 
decays, and thus the extent of the fluctuations 
will change during the decay. Given any set of 
k's, however, we may always determine the S’s 
at any time during the decay, and by introducing 
them directly into (30) and (31) determine the 
fluctuations at that time. 


THE TRANSITION 


The rough outline of the transition from 
ordered to random phases may easily be seen. 
The initial amplitude in the vicinity of the 
source may be found by integrating Nop(f) cos @ 
with respect to f, where ¢ is the relative phase 
angle, ¢=tan™ 27Af/k. One finds the amplitude 
squared to be (rpokN>)?. 

On the other hand, the average amplitude- 
squared under the assumption of random phases 
is the integral of p?(f)No; this integral has the 
value rpo?kNo. 

By comparison of the last two paragraphs, 
we see that there is associated with the transition 
from ordered to random phases a decrease in the 
average amplitude-squared by a factor 1/rkNo, 
which exists in addition to the exponential decay 
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of the sound. The transition will be completed 
in a time of the order 7/k. 

This decrease by a factor 1/rkN» occurs at 
distances from the source which are small com- 
pared with ac/k, whereas at distances large 
compared with ac/k, the decrease does not 
occur. 

CONCLUSION 

By purely statistical considerations, we have 
examined the fluctuations in the decay of sound 
in a room which are caused by interference of 
the various natural modes of vibration. 

Under the condition that the number of 
excited normal vibrations is sufficient to insure 
that the largest four or five amplitudes as 
perceived by the microphone are of the same 
magnitude, there is in the first part of the decay 
a transition from an ordered to a random 
distribution of phases, and this transition is 
accompanied by a distinct drop in the intensity 
which is dependent on k No. During the remainder 
of the decay, we have found that if the original 
distribution of normal frequencies is random, the 
fluctuations to be expected are large, but quite 
insensitive to the value of kNo, and therefore 
insensitive to the quantities upon which k and 
No depend: the size and shape of the room, the 
nature and distribution of the absorbing ma- 
terials. 

If this condition is not satisfied, our analysis 
does not apply. But if our condition is not 
satisfied, the result cannot be predicted by 
statistical methods, but will vary from case to 
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case in a manner which may be very difficult to 
calculate. Suppose, for example, that kN» is such 
that we may expect only one or two normal 
vibrations of appreciable amplitude; then if 
there are just two modes of vibration perceived 
as nearly equal in amplitude, the fluctuations 
will be quite large; if, on the other hand, the 
source and/or the microphone had been placed 
only slightly differently, or if the frequency 
chosen had been different, we might have only 
one strong normal vibration, and the fluctuations 
would be much smaller. 

If now we may return to the blind man whom 
we left in the second paragraph of this com- 
munication, it seems reasonable to suppose that 
if he does obtain his cues as to the size and shape 
of the room from fluctuations, then the fluctua- 
tions which he observes are not those which 
belong to that part of the decay and to the cause 
which we have considered, unless, indeed, he is 
willing to perform a mental calculation far more 
complex than that treated here. 

In such determinations the fluctuations during 
the transition period, as well as the drop in 
intensity, may be of importance. These we have 
not treated. 

The writer is grateful to Messrs. L. L. Beranek 
and R. B. Watson for helpful suggestions. He is 
particularly indebted to Professor W. H. Furry 
for material assistance and references to the 
literature, and to Professor F. V. Hunt for the 
original suggestion of the problem and encourage- 
ment in its prosecution. 
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Vibratory Characteristics of Vibrafram 
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DARRACOTT* 


Department of Physics, University of Arkansas, Fayetteville, Arkansas 
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INTRODUCTION 


OME few years ago Mr. Paul M. Heerwagen, 

a local interior decorator, became sufficiently 
impressed with the acoustical properties in a 
room decorated with some pressed fibrous ma- 
terial to start investigating various forms of these 
materials. They were mounted always so as to 
have an enclosed air space. Out of this experi- 
mentation came acoustical tiles in plain and in 
decorative patterns, standardized as to surface 
dimensions and known formerly as the Heerwagen 
tile, later, as Vibrafram. 

The tiles (Fig. 1) used, called E-1, are plain and 
slightly arched in the center so as to have the 
slight appearance of a four sided pyramid and 
may be briefly characterized as similar to an 
inverted square baking tin. The raised portion of 
the tile is about twelve inches on a side at the 
base and approximately 10} inches at the top. 
The part that oscillates most in the vertical 
direction is about 10 inches on a side. It has a 
half-inch edge for gluing so that a space thirteen 
inches between centers must be provided for 
mounting. The trapped layer of air in back of the 
tile appears essential to produce a high acoustical 
absorption over a wide frequency band. 


OBJECT OF THE EXPERIMENTS 


The object of the experiments is to determine 
the cause of the high acoustical absorption. 
About three years ago when Mr. Heerwagen first 
brought these materials to our laboratories, the 
first author gained the impression that the 
absorption may be due to absorption by vibration 
and reradiation, somewhat as in Rayleigh reso- 
nators, since vibration could easily be detected, 
and that the material itself could not possibly 
have been the cause of the absorption. Mr. Fred 
T. Griffin, a graduate student of our department, 
two years ago started a series of experiments on 
tile E-1 to study its vibration characteristics. At 


* Graduate Student, 1938-39. 
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that time we were housed in a wooden building 
with highly reflective walls. The material had to 
be pushed out of a window for experimentation 
late in the afternoon when the campus was quiet. 
In spite of these unfavorable circumstances, his 
experiments tended to show that the absorption 
was due to vibration. The effect may be said to 
be due to a sort of mechanical hysteresis or 
a nonconformity to Hooke’s law because of 
internal resistances. This differs from materials 
usually employed for acoustical absorption in 
that vibratory damping is substituted for a 
viscous flow of air in a pourous medium. 


THEORY, AS RELATED TO MECHANICAL 
RESISTANCE 


A perfectly elastic body follows Hooke’s law 
when subjected to a distorting force, and a graph 
of the stress as ordinates plotted against strain as 
abscissae will be a straight line. Since there is 
always some internal resistance, the actual force 
necessary to cause a given distortion is greater 
than that which is called for according to Hooke’s 





Semen 


Fic. 1. Top view of “flat” surface of mounted tile (E-1) 
above, and cross section through center below. 








334 ve 2 


HAM 


law for increasing stresses, and less than that 
which is called for according to Hooke’s law for 
decreasing forces. This internal resistance will 
produce a loop in the stress-strain graph, the 
area of which is a measure of the internal 
resistance. As a sound absorber, the energy 
dissipated is measured by the internal resistance 
(r), or resistances, multiplied by the square of the 
velocity of motion of the vibrating mass, or 
masses. The study of the energy dissipation in 
the vibrating system may be approached in a 
manner analogous to the electrical resonant 
circuit by the following method: Let the mass 
reactance be mp, and the elastic reactance be s/p, 
where m, p and s represent the effective vibrating 
mass, the angular velocity, and the force per unit 
displacement, respectively. The reactive energy 
factor, Q, defined as the mass reactance to the 
mechanical resistance, yields the equation, 
Q=mp/r. When defined as above, Q may be 
evaluated also, at the resonant frequency, fo, by 
the equation,! Q=fo/(fe—f1), where f; and fe are 
frequencies whose amplitudes are 1/v2 that of the 
resonant frequency. Moreover, a zero reactance 
at the resonant frequency gives mp=s/p, so that 
r=s/pQ. Since s, the force per unit displacement, 
may be measured experimentally, a method is 
indicated here for calculating the mechanical 
resistance, 7. The rate of dissipation of acoustical 
energy will be $7v,,2 where vm is the maximum 
velocity of the vibrating mass. 


APPARATUS 


The sound generating system consisted of a 
general radio oscillator, a coupling transformer, 
attenuator, amplifier, filter, voltmeter, and a 
twenty-watt Jensen loudspeaker. All frequencies 
used were tested for tone quality with a cathode- 
ray oscillograph. The attenuator was of the 
“H” type with center grounded tap. Various 
grounds and shields were employed as needed. 
The output energy was adjusted to a constant 
voltage of 10 for all frequencies. 


1 May be obtained for the electrical circuit from the 
equation 
1,2 —1? 1 2 
“F--@(1-aiz) 
found on page 431 of Electricity and Electromagnetism by 
G. P. Harnwell, by varying w instead of C and assuming 
that wo?=wiwe. See also: H. Walther, “Internal Friction 
in Solids,”’ The Scientific Monthly 41, 275-277 (1935). 
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The electro-dynamic type microphone probe 
weighed 1.55 grams. It consisted of 50 turns of 
telephone-head receiver wire wound on an oblong 
paper form about one inch high to fit a U-magnet 
made from the headpiece of a telephone receiver. 
The receiver magnet was wound with number 24 
double-covered. cotton wire of sufficient length 
to give a resistance of twelve ohms and was used 
on a twelve-volt circuit. The adjustments were 
such that we found no difficulty in repeating 
readings upon resetting the probe and the 
electromagnet. The leads of the microphone were 
connected first to a Lafayette pre-amplifier and 
then to a Lafayette amplifier so that the gain 
was 90 db. Microphone voltage output was 
measured with a General Radio output voltmeter, 

The positions in Fig. 1, numbered 1 to 10 
inclusive, represent an eighth-section of the tile 
investigated. Certain other points, as numbered, 
were investigated or checked for certain types of 
symmetries. While the phase relationships were 
not known, we thought the over-all characteristics 
of the tile could best be obtained for our purposes 
by averaging velocity amplitudes occurring in 
zones which were arbitrarily determined. The 
four zones, with numbered points at which 
vibration amplitudes were taken, are as follows: 
Zone 1, Number 1; Zone 2, Numbers 2, 5, and 8; 
Zone 3, Numbers 3, 6, and 9; Zone 4, Numbers 
4, 7, and 10. 


EXPERIMENTAL PROCEDURE AND RESULTS 


The tile, which we investigated, was glued toa 
heavy fibrous board with dimensions about 
133” 134”. This unit will be referred to as the 
tile. The tile was mounted in the sound absorbing 
room about 33 feet from the floor. This room, 
with dimensions of 222211 feet, has perfo- 
rated B B Acousti-Celotex on its four walls, and 
Vibrafram (Type E-1) on its ceiling. The floor 
has inlaid linoleum. The loudspeaker was placed 
about four feet from the tile and along a line 
perpendicular to the face of the tile at its center. 
Many additional pieces of Celotex were placed in 
the vicinity of the apparatus and the tile until 
walking around did not influence the results. The 
microphone is glued to some position on the tile, 
say number 1, and five voltage (i.e., velocity 
amplitude) readings are recorded at each of the 
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Fic. 2. Velocity amplitude in volts vs. frequency. 
Numbers in parentheses, ?—. zone numbers, refer to 
positions as numbered on Fig. 1. No corrections for phase 
relationships attempted. 


frequencies: 60, 128, 256, 384, 512, 700, 1000, 
1500, 2048, 3000, 4000. As mentioned previously, 
the voltage output of the loudspeaker was kept 
at 10 volts for all frequencies. The actual 
acoustical level of the sound at the tile in the 
same order of increasing frequencies as just given 
was: 72, 77, 78, 82, 97, 89, 86, 87, 97, 89, and 86 
with 10-'® watt per cm? as reference level. All 
curves are adjusted so as to have a constant 
acoustical energy level. Fig. 2 pictures the results 
for the four zones. The velocity amplitude of 
vibration in volts is given as ordinates with 
frequency as abscissae. The highest peak ampli- 
tudes in the various zones are found in order of 
decreasing amplitudes as follows: Zone 1, 384 
cycles; Zone 3, 256 cycles; Zone 2, 256 cycles. 
All zones appeared to ew a minimum or near 
minimum at 512 and at 1500 cycles and a 
secondary peak at 2048. Straight lines are drawn 
between points investigated so as to differentiate 
between different sets of data on the graph, and 
toindicate that the nature of the curve in between 
the points is unknown. Fig. 9, for example, 
pictures the velocity amplitude of another E-1 
tile, not investigated otherwise, with four peaks 
and three minima found between 140 and 700 
cycles per second with amplitude measurements 


CHARACTERISTICS OF VIBRAFRAM 


335 





taken at intervals of 10 cycles. The vibration 
characteristics of all similarly patterned tiles are 
probably much the same except for shifts in peak 
amplitudes with frequency. We noticed that 
vibration amplitudes, as detected by the tips of 
the fingers resting lightly on various E-1 tiles, 
appeared to be greatest in the neighborhood of 
200 to 300 cycles per second. The tactile effect 
was not tried with the tile of Fig. 2 

The resultant average amplitude at all posi- 
tions investigated is shown in the dashed curve 
of Fig. 3 plotted as ordinates with frequencies 
as abscissae. The absorption coefficients for 
Vibrafram? as found when mounted on wood 
furring 13 inches on centers both ways is pre- 
sented also in this figure for comparison. The 
general correspondence in magnitudes indicates 
that the acoustical absorption is due essentially 
to the vibratory motion in a _ mechanically 
resistive medium. Surface absorption for fre- 
quencies higher than 1000 cycles may account 
for the lesser agreement in the higher frequencies. 
The amplitude versus frequency curve taken 
from Mr. Griffin’s unpublished data is shown also 
in this curve as a long-dash, short-dash curve. 
Examination of the points whose amplitudes are 
measured in each of the curves will show simi- 
larity in results. Mr. Griffin did not explore as 
many frequencies as in the present series. 

We wished, furthermore, to obtain the acous- 
tical energy level on both sides of the tile when 
the back is removed; also, to measure the 
amplitude of vibration at the same time. This we 
hoped would give some clue as to the role played 
by the air column, and give further information 
as to cause of the sound absorption of the tile 
material. The sound room has a square aperture, 
12X12 inches, made for just such purposes. The 
back of the tile was removed, except for an inch 
width to which the tile was glued, and the tile 
with rigid border was sealed to the aperture. The 
microphone was sealed to four different positions 
previously used for investigation: namely, posi- 
tions 1, 2,3, and 4. The results with back removed 
are illustrated in Figs. 4, 5, 6, and 7. 


2 Data for direct mounting on a smooth surface, as in the 
present experiments, not available. Effect would be, 
probably, a small shift in absorption peaks without much 
change in absorption. The absorption coefficients were 
made at the Riverbank Laboratories. 
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Consider now Fig. 4, the first of four figures, 
used to represent the results obtained by removal 
of the back for acoustical transmission charac- 
teristics of the tile material by itself. In this 
figure, the microphone was attached to Position 
1. The loudspeaker was made to operate with an 
output of 10 volts, the same as used before the 
back was removed. The velocity amplitude at the 
various frequencies for the tile without back is 
shown by the heavy dashed line with maxima at 
128 and at 384 cycles. The curve with maximum 
peak for Position 1 at 384 cycles, before the 
back was removed, is graphed on the same 
curve by means of a lightly drawn continuous 
line. The other heavy long-dash, short-dash line 
represents the reduction in transmitted energy in 
decibels that is absorbed by the vibrating tile at 
these various frequencies. There is considerable 
evidence here that the maximum vibration occurs 
with maximum transmission of energy, especially 
when the effect of superimposed vibrations from 
neighboring zones is considered. As mentioned 
previously, many pieces of Celotex material 
were placed at angles in the vicinity of the 
apparatus until no change in readings were 
obtained when walking around. 

The magnitude of absorption of sound energy 
through the tile from the inside to the outside of 
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Fic. 3. Two sets of data with different tiles showing 
average velocity amplitude in volts for all experimental 
positions vs. frequency, compared with percent absorption 
vs. frequency. Note that less frequencies were employed in 
the 1936 data. No corrections for phase relationships 
attempted. 
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the sound absorbing room was measured by 
placing the microphone of the acoustimeter 
about 8 inches from, and directly in front of, the 
tile both inside and outside the room. The 
difference in the two acoustimeter readings was 
recorded as ordinates. The greater the difference, 
the greater the insulation (or absorbing) effect of 
the tile. The absorption due to the tile in Fig, 4 
may be compared with the absorption of sound 
going through the walls of the sound room when 
the aperture is closed by means of the double 
absorbing set of doors used for closing this 
opening when we wish to isolate any source of 
sound. The acoustimeter microphone was placed 
in the same two positions inside and outside the 
sound absorbing room as when the corresponding 
readings were taken with the tile in the aperture. 
The resulting aperture insulation is shown by the 
lightly drawn, long-dash, double short-dashed 
line of Fig. 4. A study of similar experiments 
illustrated in Figs. 5, 6, and 7 will indicate quite 
conclusively that there is a close relation between 
maximum vibrations of the tile and maximum 
transmission of sound through the tile; a relation- 
ship that may be expected if the acoustical 
absorption of the tile is due to vibration. 

The vibration of the tile (with back) in Position 
2 of Fig. 5 does not quite coincide with Zone 2 in 
Fig. 1, since Zone 3 of Fig. 1 represents an 
average of velocity amplitudes of vibration for 
three positions, while Fig. 5 represents the 
velocity amplitude for a single position. Similar 
remarks may be made concerning the amplitudes 
of vibration in Figs. 6 and 7 for Positions 3 and 4 
respectively. The peak velocity amplitudes for 
all zones are greater with the back than without 
the back. Hence, the enclosed air column 
has an important bearing on the absorption 
characteristics. 

If one speaks in a room having these tiles, the 
vibration may be detected merely by placing the 
hand on the tile itself. While this indicates that 
the amplitude may be quite large, actually we 
found the absolute amplitude to be very small, 
indeed. Since the back to the tile under investi- 
gation had been removed at the time measure- 
ment of the absolute amplitude was undertaken, 
a frequency of 700 at Position 2 was chosen for 
finding the absolute amplitude per volt for our 
electrodynamic microphone and its associated 
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POSITION 4 


Fics. 4-7. Velocity amplitude in volts vs. frequency, and insulation efficiency in db vs. frequency. The curves for each 
of the four positions have the following significance: the tile without back, ----; the insulation efficiency of the tile 





material, 


amplifier system. The microphone was glued 
again to position 2 and the acoustimeter raised 
toa level of 104.3 decibels. This gave a voltage on 
the pick-up of 45. At this sound intensity level 
two methods were used to measure the absolute 
amplitude of vibration. Either method involved 
the use, both of the strobotac for slow motion 
observation, and of the microscope. In the one 


- ——; the tile with back, ————-; the insulation efficiency of the sound absorbing room aperture when 
closed by means of its double sound absorbing doors, —— - - 





method, motion of the tile was compared with 
the width of an etched line, both viewed through 
the microscope. In the other method, the motion 
of the tile through the microscope was compared 
with a scale external to the microscope. A slow 
motion of the tile was easily maintained, but 
observations were corducted for short intervals 
only to relieve eye fatigue. The displacement 
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Fic. 8. Velocity amplitude vs. frequency characteristics of the tile with rigid back for each of 
the 16 numbered positions of Fig. 1 investigated. Positions in each of the four zones are grouped 
between heavier abscissae lines to allow for easy comparison of amplitudes in the same zone. The 
two last groups between heavy abscissae lines compare velocity amplitudes at corresponding 
points in different quadrants. 
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amplitude was found to be 0.002 cm to a 5 
percent agreement in the two methods. A third 
method for measuring the absolute amplitude 
consisted of mounting the microphone at the 
center of a 6X1-inch stiff spring brass plate 
mounted at its two ends. The spring was then 
made to oscillate at 170 cycles per second by 
means of a small high speed motor. A pin was 
placed in a hole drilled in the shaft of the motor 
slightly eccentric with the center and attached to 
the spring by a 9-inch wire. The high speed 
motor results agreed well with the above two 
stroboscope-microscope methods. The mean dis- 
placement amplitude chosen from all three 
methods of measurement was 4.44X10- centi- 
meter per volt at 700 cycles for the micro- 
phone with associated amplifier as used in this 
experiment. 

An attempt was made to observe the various 
modes of vibrations by use of the strobotac and 
a high speed motor. The motor was equipped 
with a mechanical vibrator consisting of a two 
bladed, fairly thick, brass propeller. A small 
fibroid strip of about 0.93 gram in weight was 
glued to Position 1 so that we could observe what 
took place at the resonance frequency of 700 
cycles for the tile without back. The motor was 
mounted rigidly over the tile by use of steel eye 
beams so that the tips of the blades just touched 
the fibroid piece. Very little vibratory motion of 
the diaphragm was noticed, except at frequencies 
of 453 and 732, as measured by the strobotac. 
The vibration was very marked in the region of 
the point of contact at 453 cycles, but the 
amplitude of vibration quickly diminished in 
zones outward from the center. The first nodal 
circle was located outward from the center about 
1.75 inches. There were 2 vibrations to 1 contact 
of the propeller blade at 432 cycles. The alternate 
vibration did not seem to be greatly reduced as 
observed with the eye, probably not more than 
one-fourth that of the vibration for contact 
conditions. The vibrations at 732 cycles were very 
violent and the rotating propeller would tear off 
the fibroid strip after a few seconds. The nodal 
pattern at 732 cycles was more complicated than 
at 453 cycles due in part, perhaps, to the more 
violent vibration. The first nodal circle at 732 
cycles was about 1.5 inches from the center. 
Figure 8 gives the velocity amplitudes for all 
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points investigated. There is some tendency for a 
wider frequency band along diagonals. Regions of 
large amplitudes are fairly well distributed. 


CALCULATIONS 


The stiffness factor for the tile investigated was 
of the order of 510° dynes per cm. Since 
the mass of the vibrating portion of the tile 
was 42 grams, the resonant frequency, based 
on the stiffness factor, is of the order of 100 
cycles per second, which is much too low for 
the data obtained. Calculation of the resonant 
frequency by use of the air reactance formula,* 


f=(c/21)(Spo/lm)', gives about 390 cycles per 


second, a figure much more in harmony with the 
data. Hence, the stiffness of the material appears 
to play an unimportant role in calculation of the 
important resonance region. The symbols in the 
above formula have the following meaning: f, the 
frequency; c, the velocity of sound; S, the cross- 
sectional area; po, the density of air; /, the depth 
of the tile; m, the mass of the vibrating membrane. 

From the data, including Fig. 9, a value of Q 
may be approximated and the rate of dissipation 
of acoustical energy calculated. Both the rate of 
dissipation of energy and the acoustical energy 
level came out reasonably in agreement with the 
data. The accuracy is not sufficient, however, for 
inclusion of the calculations. 

















Velocity Amplitude 
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100 150 200 250300 +400 500, 700 
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Fic. 9. Detailed analysis of velocity amplitude vs. fre- 
quency characteristics between 140 and 700 cycles for inter- 
vals of about 10 cycles. This isa different tile and a different 
amplifier system. Velocity amplitude per volt sensitivity 
for microphone given in text does not apply to this figure. 


3 R. Rogers, J. Acous. Soc. Am. 10, 283 (1939). 
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HAM AND 
CONCLUSIONS 

The acoustical absorption in these tiles is 
definitely associated with the magnitude of 
vibration of the tile and is thought of as due to 
internal mechanical friction. The material itself 
offers but little absorption of sound, but when 
mounted with an air pocket behind it, the tile 
becomes a very good absorber of sound over a 
wide frequency band. In fact, the material 
appears to be of less importance than the shape, 
form and thickness of the material. The vibration 
takes place in complicated type patterns with the 
simpler patterns representing the lower fre- 
quencies. The more complicated type vibrating 
segments are formed by approximate circular and 


T. DARRACOTT 


radial like nodes. The larger amplitudes are 
sometimes found between the edge and center 
rather than at the center. 

The present experiments are suggestive only 
for general methods of improving the absorption 
in various frequency ranges. Comparison of 
experimental results obtained here with articles 
by R. Rogers*.and H. A. Leedy* may prove 
helpful. Certain possible acoustical differences jn 
a room treated with these tiles compared to a 
room similarly treated with the more traditional 
type absorbing material are under investigation 
in our laboratories at the present time. 


4H. A. Leedy, J. Acous. Soc. Am. 10, 288 (1939), 
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Noise and Vibration Isolation 


H. A. LEEpy 
Research Foundation of Armour Institute of Technology, Chicago, Illinois 


(Received August 4, 1939) 


I. INTRODUCTION 


INCE we are becoming more and more noise 

conscious, the problem of noise and vibration 
reduction is becoming increasingly important. In 
the case of vibrating machinery it has been found 
possible, in some cases, to isolate these vibra- 
tions, i.e., to reduce considerably the trans- 
mission of the machine vibrations to the base on 
which the machine is mounted. Isolating the 
vibrations results in a noise reduction if the 
vibrations are in the audible frequency range, 
and in a reduction of the vibrations transmitted 
to surrounding points where the vibrations are 
disturbing either because they can be felt or 
because they interfere with some delicately 
balanced piece of apparatus. 

A common method used in vibration isolation 
has been to introduce some type of resilient 
support between the vibrating machine and its 
base. In many cases this has proved successful, 
but unfortunately in others it has served to 
increase the vibration amplitude of the base 
rather than reduce it. This failure, of course, is a 
result of not using a resilient support having the 
proper stiffness factor. 

One method of determining the stiffness factor 
which has been used successfully in a number of 
cases has been to make use of the curve giving 
the force transmissibility to an immovable base.! 
As would be expected this method is only suc- 
cessful where the base is approximately immov- 
able. If the base were completely immovable, i.e., 
having infinite mass or infinite stiffness factor, 
there would be no problem since there could be 
no vibration of the base for any magnitude of the 
transmitted force. Thus in all cases in which the 
base is free to vibrate, the proper stiffness factor 
cannot be determined accurately by means of the 
transmissibility. However, it should be added 
that in those cases, as will be shown later, where 
the base is approximately immovable, the trans- 


1 J.P. Den Hartog, Mechanical Vibrations (McGraw-Hill, 
1934), p. 77. 
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missibility curve does determine a value of the 
stiffness factor which will give the desired results. 

Before proceeding with the case in which the 
base is free to vibrate, it is desirable for reference 
purposes to discuss briefly the transmissibility 
curve since it has been plotted somewhat dif- 
ferently than ordinarily found in vibration text- 
books. In what follows a one-dimensional vibra- 
tion is assumed in which the damping force is 
negligible and only the steady-state vibrations 
are to be considered. 


II. IMMOVABLE BASE: TRANSMISSIBILITY 


If one has a rigid machine of mass m mounted 
directly on an immovable base as shown in Fig. 
la, and an alternating force F; cos 27rvt is acting 
on the machine, the force amplitude transmitted 
to the base is F;. The alternating force acting on 
the machine may be a force applied externally or 


F Cos 2Mvt 





F, Cos 2Trt 





(b) 


Fic. 1. 


it may be an internal force such as the vertical 
force component due to an unbalanced rotating 
part. It is assumed here as well as in all that 
follows that the machine is rigid throughout, i.e., 
it has no flexible parts that are free to vibrate. 
In this latter case aay partial mass of the machine 


H. A. 
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Fic. 2. 


which is free to vibrate must be treated sepa- 
rately from the remaining rigid mass of the 
machine. For such a separate mass free to vibrate 
the whole of the machine will have a different 
“effective mass’ for each applied force fre- 
quency, and for frequencies slightly greater than 
the natural frequency of the separate mass, the 
whole of the machine may act as a spring instead 
of a mass. However, for frequencies well below 
the natural frequency of the separate mass, the 
assumption that the machine is rigid is approxi- 
mately true. 

If one now separates this machine from the 
base by a resilient support of stiffness factor K 
as shown in Fig. 1b, the force amplitude trans- 
mitted to the base is no longer F,; but some dif- 
ferent force amplitude F:. Obviously for the 
purpose of vibration isolation it is desirable to 
make the absolute value of the ratio F2/F as 
small as possible. This ratio is called the trans- 
missibility «, and is given by? 


[Fe] | 1 | 


"TF,| [1-2 





. (1) 





where 
Q= V, Vo, 


v= frequency of applied force, 


sk 
=a) 
2r\m 


Instead of plotting ¢ as a function of 2 as is 
the usual procedure,! it is more meaningful to 
plot 20 log ¢ (transmissibility in decibels) against 


=natural frequency of 
system of Fig. 1b. 


2 Reference 1, p. 74. 


LEEDY 





2. This enables one to see graphically the mag- 
nitude of the reduction in the transmitted force 
amplitude for small values of € and it also gives 
the noise or vibration reduction in decibels in the 
case where the base is approximately immovable, 
This curve is shown in Fig. 2. 

An inspection of this curve shows that if the 
frequency »v of the applied force is less than 1.49, 
the resilient support makes matters worse since 
the transmissibility in db is greater than zero. 
If v=10v) then the reduction is approximately 
40 db corresponding to a force amplitude reduc- 
tion of 99 percent. 


IT. 


Instead of assuming the base fixed as in Fig. 1, 
let us assume that the base is free to vibrate. 
This type of base is the kind generally en- 
countered in practice. If a machine of mass m is 
fastened directly to this base we have the system 
shown in Fig. 3a. Here m, is the mass of the base 


MOVABLE BASE 


F Cos 2Tt 





(a) 





and K, its stiffness factor. Let A, be the vibration 
amplitude of the base due to an applied force 
F cos 2rvt, v being the frequency of the applied 
force. If the machine is now separated from the 
base by a resilient support of stiffness factor K 
we have the system shown in Fig. 3b. Let A be 
the vibration amplitude of the base in this case. 

The quantity we wish to determine is the 
absolute value of the ratio Ae/A, which will 
indicate the effectiveness of the resilient support 
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in reducing the vibrations transmitted to the 
base. From the steady-state solution to the differ- 
ential equation of motion of system “‘a’’ (Fig. 3a), 
A, is found to be 


A,=F/4x?(m+m)(v:?—v?), (2) 


where 





1 Ky } ’ 
y=—( — =natural frequency of system 
2r\m+m “a 


To find the amplitude of motion A» of the 
base of system ‘‘b”’ (Fig. 3b) we find the solution 
to the differential equations of motion for this 
system. These differential equations are® 


md?x /dt?+Kx—Kx,= F cos 2rvt, 
myd?x>, dt?+ (K+ Kz) x» —Kx= 0, 


where x and x are the displacements of the 
machine and base, respectively, from their equi- 
librium positions. When these equations are 
solved, the amplitude of motion A» of the base 
turns out to be’ 


Ae= FK /162r4mm,(v.? — v?)(v_?—v?), (3) 


where v, and v_ are the two natural frequencies 
of the system given by 


2v427= v9? + vo? +[ (v0? — vp?)?+4y97u? |}, 
2p? = 99) Hy? — L(ve? — vp)? +4 yo2p? }}, 


1 /K\} 
n=—(—) 
2r\m 


1 ——) 





V4=— 
Qn Ms 


1/K\3 
- -(— | 
2r\mp, 
It is evident that vo is the natural frequency of 
system ‘‘b’’ when the base is fixed and v is the 


natural frequency when the mass m is fixed. 
Upon dividing Eq. (3) by Eq. (2) we obtain 
Ag m+mp,  v0*(v1?—v?) 


A, my, (v4?2—v?)(v_?— pv?) 


2P. M. Morse, 


Vibration and Sound (McGraw-Hill, 
1936), pp. 30-45. 
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This equation can be simplified by setting 


F , 
Q= / V0; Q)= 74, Vo, 


v 
/ j 
Q,=r4/v9, Q-=v_/ yo. 


The ratio A2/A, then becomes 
A» 
Ay (1—92/9,%)(1—92/0_2) 


1—22/2,? 





(4) 


The quantity Q in Eq. (4) is identical with the Q 
in Eq. (1) since each is the ratio of the driving 
force frequency to the natural frequency of the 
system composed only of mass m and the isolat- 
ing resilient support. The other quantities in Eq. 
(4) are constants which are easily determined 
from the measurable constants m, m,, K and Ky. 
The absolute value of the ratio A2/A;, indicates 
the effectiveness of the resilient support in pre- 
venting the transmission of the machine vibra- 
tion to the base. The ideal value of this ratio is 
zero but practicably it should be made as small 
as possible. The absolute value of this ratio we 
will call the ‘‘amplitude transmissibility,” €,, 


ea= |Ao, 'A;|. 


For the case in which the base is approximately 
immovable, i.e., when m>m and K;>K, it is 
easily shown from the above equations that 


1 





‘asda! . 

l1-o2 
Thus for the approximately immovable base the 
amplitude transmissibility reduces to the force 
transmissibility. For smaller values of m, and Kz, 
i.e., for the case where the base cannot be con- 
sidered as immovable, the dependence of €4 on Q 
can best be shown graphically. As in the case of 
the force transmissibility, we will plot 20 log ea 
(amplitude transmissibility in decibels) against 
Q. The graphs given in Figs. 4 to 10 show how the 
amplitude transmissibility in decibels varies 
with @. The dashed curve in each case is the 
force transmissibility curve which is given for 
reference. 

In the cases shown in Figs. 4 and 5 where 
m,=m/10, it is evident that there is a consider- 
able difference between the amplitude transmis- 
sibility and the force transmissibility curves. In 
Fig. 4 where 233 it is observed that the force 
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transmissibility curve shows a 20-db reduction 
whereas the better curve giving the amplitude 
transmissibility shows an increase in the trans- 
mitted vibration. In Fig. 5 where K, has been 
increased to 10K there is still a considerable 
difference between the two curves. As the stiff- 
ness factor K;, of the base is increased further, the 
amplitude transmissibility curve follows the 
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force transmissibility curve more closely until for 
K,=10°K there is practically no difference 
between the two curves in the region shown on 
these graphs. 

In Figs. 6, 7, and 8 the mass of the vibrating 
machine is the same as that of the base. Here the 
difference between the two curves is less than in 
Figs. 4 and 5. However, there is still considerable 
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NOISE AND 
error in using the force transmissibility curve to 
calculate the vibration reduction. Again as K, 
is increased the solid curve follows the dashed 
curve more closely as is expected since the base 
is becoming more rigid. ; 

In Figs. 9 and 10 are shown two cases for 
which the mass of the base is 10 times greater 
than the mass of the vibrating machine. Except 
for small regions, which in some cases may be 
important, the two curves are very nearly the 
same. The larger the mass of the base with 
respect to the mass of the machine the more 
nearly are the two curves alike. 


IV. CONCLUSION 


It is evident from what has been given that the 
force transmissibility curves are not applicable 
to the determination of vibration reduction in 
the case where the base cannot be considered as 
immovable. Eq. (4) and the amplitude trans- 
missibility curves drawn indicate 
under what conditions the force transmissibility 
curve is applicable. For those cases in which the 
mass of the base is comparable to or less than the 
mass of the machine it is very important that 
Eq. (4) or the amplitude transmissibility curves 
be used in order to obtain the magnitude of the 
reduction of transmitted vibrations. For example, 
in Fig. 6 at Q=2 the force transmissibility curve 
shows a 10-db reduction whereas the amplitude 
transmissibility curve shows no reduction. 
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The curves given show that it is generally 
desirable to have the mass of the base as large as 
possible with respect to the mass of the vibrating 
machine since under these conditions the resilient 
support is more effective in reducing transmitted 
vibrations. In addition, a base having a large 
mass is in itself generally better since for an 
applied force frequency greater than the natural 
frequency of the base (and this is generally the 
case) a given amount of transmitted vibrational 
energy will produce smaller vibrations of the 
base the larger its mass. However, where it is 
not practical to use a base of large mass Eq. (4) 
should be used for determining the vibration 
reduction when the machine is separated from 
this base by a resilient support. 
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INE years ago my associates and I observed 
that we could exercise some control over 
audience reaction by controlling the sound in the 
show. Being, I hope, practical showmen, we tried 
to do better next time and presently found our- 
selves embarked on a research project some as- 
pects of which will, I feel certain, continue as long 
as the theater lives. Last June the Rockefeller 
Foundation underwrote the project for a period 
of three years, by the end of which time I feel 
confident that the most immediately useful of our 
findings will be available to the theater generally. 
The attempt to control sound in the theater 
is just another attempt to employ the scientific 
method in the solution of a problem of the arts. 
The theater can use a lot of the scientific method. 
It is getting a little now. Stanley McCandless 
got his approach to stage lighting that way. 
Edward C. Cole is speeding up hanging and 
handling problems as a result of vector analysis 
of flying rigs. And if you want to see production 
costs act like the stock market of ten years ago, 
I commend to your attention the principles of 
management first enunciated by Frederick Wins- 
low Taylor. Yes, they work in the theater. In 
the main, however, the artist in the theater is 
hamstrung by 11th century equipment and 
methods. 

As in any attempt to improve man’s lot by 
the use of the scientific method, you must first 
decide what you want. That’s pretty simple in 
the theater. You want people to bring money 
in to the box office: enough money today, more 
money tomorrow. The movies have one system 
for accomplishing this worthy end, they put 
the price where the public can afford to buy. 
There’s a better method, however, and that is 
to put on a good show. If it’s a really good show, 
such as “Oedipus,” it’s good for 3000 years, 
probably longer. 

It seems pretty obvious then, that audience 
determines the worth of any dramatic produc- 


* Address delivered before The Acoustical Society of 
America at Iowa City, Iowa, November 3rd, 1939. 


tion. No audience, no play. So to make a play 
that is a play, not an academic experiment, 
the audience has to react to it at least strongly 
enough to bring its friends to the box office. The 
job of the artist in the theater—playwright, 
director, designer, composer—is to make the 
audience react in the manner he wishes it to 
react. 

The audience sees the show and hears the 
show. Opera, particularly, it hears in this coun- 
try, possibly, I suspect, because that which can 
be seen suffers by comparison by that which 
can be heard. In any case the senses of sight 
and hearing are the links between stage and 
audience. By means of the linkage thus estab- 
lished, the audience is enabled to participate 
in the show. 

Of the two significant components of the show, 
visual and auditory, one, the visual, has been 
subject to control and by the same token is 
flexible enough to give considerable scope to the 
artist in the theater. All the audience sees de- 
pends upon the light originating on or reflected 
from the stage. And light may range in intensity 
from the threshold of visibility to a brightness 
too great to bear looking at. It may vary in 
wave-length, that is color, from ultraviolet to 
infra-red. It may be directed. It may be limited. 
Its beam may be shaped. The artist uses light 
first to make the actor visible; then to establish 
locale, atmosphere, mood, to reveal character, 
to advance the plot, and as an independent 
arbitrary means for stimulating predetermined 
audience reaction. 

The artist in the theater not only has a flexible 
tool in light; he has a considerable body of 
knowledge which makes it possible for him to 
get definitely predictable results with the visual 
component of the show. We all know something 
of balance and proportion. Jay Hambidge has 
reduced to geometrical formulae, line and form. 
Stanley McCandless has shown us the logical 
analytical progression from dramatic problem 
to lighting instrument. A host of investigators, 
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and I am of course partial to my wife in this 
field, have made the psychological values of 
color easily accessible to anyone who wants to 
use them in the theater. 

There are the means and the knowledge to 
do a pretty fair job of getting the audience to 
react to the visual component of the show. With 
respect to the auditory component of the show, 
however, we are still in a sub-primitive con- 
dition. We have been handicapped in our effort 
to control sound by limitations inherent in the 
source. A harp can only play so loud, a singer 
sing so high. Prop wind comes only from where 
the wind machine is placed. The pilgrims chorus 
can only move so far. 

Our research project is devoted first to the 
removal of limitations on the control of sound, 
so you can have the kind of sound you want, 
where you want it, when you want it and the 
way you want it, and second to the exploration 
of the means by which audience response to the 
auditory aspect of the show may be discovered. 

Now if you’re going to remove limitations on 
the control of sound in the theater, you must 
first find out what sound must and can do in 
the theater. That’s pretty easy. The uses of 
sound were known centuries ago. Control limi- 
tations only narrowed their scope. First the actor 
must be heard. After that, sound can be used 
to establish locale, atmosphere, mood, as an in- 
dependent arbitrary emotional stimulus, as an 
actor, to reveal character, to advance the plot, 
all these independently, or counterpointing or 
reenforcing their equivalents in the visual com- 
ponent of the show. 

Second, you have to find out what aspects 
of sound are theatrically useful, and it is apparent 
at once that there isn’t any aspect that isn’t. 
You have to control them all. So far then, we 
have tried to use any sound from any source, 
and let the audience hear it at any pitch, inten- 
sity or with any quality, from any apparent 
distance, in any apparent direction and with 
any desired reverberant quality. 

Now for some illustrations: The problem of 
making the actor audible got us tangled up in 
acoustics. I shall not venture to say much on 
theater acoustics. Everything we know in this 
field we learned from members of this society. 
We feel very strongly on one point however: 
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The legitimate theater has a different sized audi- 
ence almost every night and a different set 
almost every scene. The acoustic variations thus 
introduced are obvious. Unless they are provided 
for in the design of the theater, the house is 
obsolete before the curtain ever goes up. I think 
we have one theater, the Paper Mill Playhouse 
in Short Hills, New Jersey, in which the rever- 
beration time is the same no matter how large 
or small the audience. I think it is the only 
theater in which this condition exists. I am dis- 
appointed to note that so fundamental a re- 
quisite for hearing the actor is generally neglected 
by those who draw acoustic specifications. 

If you are not satisfied by compromise acoustic 
conditions, and architecturally they must be 
compromised between optima for speech, music, 
etc, in a legitimate theater, I recommend for 
your consideration Sidney Wolf’s precept to the 
effect that the theater of the future will be 
acoustically dead, and all sound will be dis- 
tributed and given the requisite reverberation 
by thermionic amplification. 

To make it possible to hear the show, then, 
sound must be distributed without appreciable 
loss or distortion to the whole audience, and 
the reverberation time of the theater must be 
appropriate to the kind of sound involved, ir- 
respective of audience size or setting. Architectural 
or electronic means or combinations of these two 
can accomplish the desired ends, but seldom do 
because the planners seldom know show business. 

The sounds used in the theater are quite com- 
plex and our means of control are still pretty 
crude, so at first we had to be satisfied to control 
only one aspect of sound at a time, and make the 
sound do its prescribed job better than it could 
without the introduction of control equipment, 
or make it do more than one job. First we 
played with intensity and that’s really the way 
we got started in this business. 

During the first performance of ‘‘Control’’ 
(Stevens Theater, April, 1930) it was observed 
that the audience’s posture varied directly as 
the sound intensity in a sequence in which 
recorded orchestral music was used as a back- 
ground for a motion picture. During subsequent 
performances, sound intensity was varied arbi- 
trarily in a number of sequences, and it was 
observed that the audience could be made to 
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sit up straight, or move forward in the seat, relax, 
etc., almost irrespective of the visual aspect of the 
production, by merely varying sound intensity. 

While it has long been known that audiences 
sway back and forth in response to variations 
in dramatic intensity, it was believed by the 
observers that this was the first occasion on which 
it had been possible to accomplish such physical 
movement by anything so simple as the twisting 
of a gain control. The mere stimulation of 
physical movement, of course, is of no value 
except as an index of a psychological motivation 
for such movement. With present-day audiences 
hardened by much theater-going, an emotional 
response to a dramatic episode must be strong 
indeed if it is to be physiologically observable or 
measurable. Any device by which it is possible to 
achieve an obviously strong emotional response 
may constitute a powerful tool for the artist 
in the theater. 

By the time we got around to controlling 
frequency, we couldn’t let intensity alone, so 
our most celebrated effort, involving frequency 
control involved intensity control as well. The 
sequence was the Brainstorm scene in the ‘‘Add- 
ing Machine” by Elmer Rice. I spoke of this ex- 
periment at a previous meeting of the Acoustical 
Society, and some of you were present at the 
show. Suffice it to say then that we tried to 
achieve expressionism in sound, in conformity 
with the idiom of the play, and drive the audi- 
ence crazy as the principal character lost his 
reason. We almost did. And the principal device 
was an almost pure tone warbled, and raised 
in frequency and intensity for about 32 seconds 
while the stage spun around and Mr. Zero turned 
killer. The ‘Adding Machine” episode showed that 
you could use control of frequency very simply to 
achieve the dramatic objective of the playwright. 

The control of quality, the position and rela- 
tive intensities of sounds of various frequencies 
which make up a complex sound offers still 
more possibilities. Here again I cite an experi- 
ment at which some of you were present and 
others heard me speak of four years ago. You 
have heard attempts to duplicate it on the radio. 
For the ghost of Hamlet’s father we made a 
sepulchral voice which would be consistent with 
the transluscent ectoplasmic figure which the 
audience saw. Using a normal human voice to 


start with, we distorted it until it seemed suit. 
able. Later we mapped it, plotted frequency 
against intensity, and when that can be pub. 
lished, you may have our ghost. 

When the quality of the sound the audience 
hears is controllable many dramatic uses immedi- 
ately suggest themselves. First there is realistic 
distortion, which we have used to allow an audi- 
ence to eavesdrop on a telephone conversation. It 
involves nothing more complex than reproducing 
the conversation with the same response as that 
of a telephone circuit. Then, since many plays 
involve a degree of stylization, and that styliza- 
tion is often accomplished by distortion in the 
visual component of the play, it is convenient 
to be able to distort the sound consistently with 
the rest of the show. The play ‘Spread Eagle” 
ends with the playing of The Star Spangled 
Banner. The tag line delivered during the playing 
of the music is as bitter as anything in that 
angry play. To leave the audience no chance 
to miss the intent of the scene, the music was 
made harsh and sharp, and, as the curtain closed, 
it swelled to fill the house with a snarling dis- 
sonant final phrase. Nobody missed the point 
of the play. Few were conscious of the distortion 
of the music. A musically correct rendition of 
the piece would have broken the mood of the 
play. The distortion employed was not of the 
sort which the instruments could achieve alone. 

In another play a condemned prisoner sat in 
his cell alone and thought about a number of 
significant episodes in which he had been a par- 
ticipant. The audience heard the auditory com- 
ponents of these episodes as he remembered 
them. Recurring through the reminiscences came 
snatches of the Judge’s reading of the death 
sentence, which were progressively distorted and 
motivated the prisoner’s finally flinging things 
about and shaking the bars. As the prisoner's 
mind distorted what he remembered, so the 
audience heard it. 

The sounds cited as examples of control of 
intensity, frequency and quality so far all had 
to come from somewhere. Obviously they must 
seem to come from the visually logical source, 
or, in the case of music first cited, no source. 
If sound is subjected to any control at all, the 
control of apparent direction and apparent dis- 
tance: direction past the audience and toward 
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or away from it, is most important. This, of 
course, is the auditory perspective pioneered 
by the Bell Laboratories and demonstrated 
publicly seven years ago. 

If you can make sound come from where -you 
want it to, you can make it come from an actor. 
We have made an actor speak an aside in his 
own and other voices in the ‘‘Adding Machine” 
previously referred to. We have enabled Elsa 
Findlay to appear to recite an Irish chant in 
a deep stentorian voice while dancing an exact- 
ing, breath-consuming routine. It was planned 
to have Bottom speak with an asses voice in 
the forthcoming swing version of ‘‘Midsummer 
Night’s Dream” at the Center Theater, but the 
budget did not provide funds sufficient for the 
necessary apparatus. We gave an appropriately 
dilapidated voice to the tenement house in “‘One 
Third of a Nation.” 

It is almost as easy to control the apparent 
distance from which a sound comes as it is to 
control its movement. Aside from the obvious 
trick of locating sound sources at the appropriate 
distance from the audience the frequency re- 
sponse must be adjusted to conform to repre- 
sented conditions. The Doppler effect must 
appear in sounds which approach or recede from 
the audience with considerable speed. By a 
careful control of fundamental frequency, qual- 
ity, intensity and direction, a surprising degree 
of realism can be achieved. In one very bad 
production of a play called ‘““The Ghost Train” 
the railroad trains were good enough to save 
the play from its just fate at the hands of the 
audience. But sounds appearing to come from 
the stage, behind the stage, or either side of the 
stage are not enough. Shakespeare called for 
the ghost to speak under the stage.. We have 
heeded the injunction. In the “Living News- 
paper” production 1935 we circled the sound of 
an aeroplane above the audience. In a test for 
another play a flute played in auditory perspec- 
tive above the audience. In another experiment 
an unseen crowd charged out across the foot- 
lights. Sound appeared to come from a point 
similar to that occupied by a telephone receiver 
when held to the ear for all members of the 
audience in the telephone eavesdropping se- 
quence previously mentioned. And we even 
achieved a repeated knocking which appeared 
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to originate inside the heads of the members 
of the audience in a play in which such a sound, 
plaguing a character on the stage, motivated an 
important part of the action. Conversely, we gave 
the “Living Newspaper’’ a disembodied voice 
which came from nowhere. We are putting a 
celestial orchestra which fills the theater in Sid- 
ney Howard’s ‘‘Madam, Will You Walk,”’ which 
opens in Baltimore a fortnight hence. We propose 
one day to make Ariel conform to Shakespeare’s 
definition for the first time: an airy spirit which 
flies and sings in flight. Read Eugene O’Neill’s 
stage directions in “‘Lazarus Laughed,” particu- 
larly in the last scene and you will see one 
reason that the play has never had a profes- 
sional production. You just can’t get laughter 
such as that out of the normal human voice; 
but you can out of a good sound system. 

I have spoken so far only of sounds which 
were not in conflict with other sounds in the 
show. All conventional operatic productions, 
and productions involving background music 
offer another type of problem in that either the 
instrumental music or the accompanying song 
or speech must be sacrificed in the interests of 
the other. The visual component of the show 
is often violently distorted into concert form. 
The apparatus requisite to control sound in the 
ways so far described also makes it possible to 
compose auditory component of the show with 
as much fidelity to basic artistic principles as 
the visual component. The operatic tenor need 
no longer desert Juliet’s balcony to sing his 
aria from the apron. He can stay where his song 
will seem dramatically credible and dominate 
the orchestra even if it plays loud enough to 
play the score correctly. We have permitted 
the audience to hear an almost whispered sen- 
timental scene while the orchestral background 
music was played at high intensity as motivated 
by the emotional content of the scene. We 
propose, in an experiment with ‘Come of Age” 
to let Thomas Chatterton defy an audibly cred- 
ible Death through 80 db of background music. 

The control of reverberation has been men- 
tioned before in connection with general theater 
acoustics. It also has its place in the play. It 
is obviously false to play a scene set in a medieval 
dungeon or a cathedral without giving the sound 
the reverberant quality appropriate to the scene. 


Controlled reverberation is part of the standard 
radio bag of tricks, is occasionally well handled 
in motion pictures, but has yet to be successfully 
employed in the legitimate theater, though ap- 
paratus for such control exists. We expect to 
do something with it shortly. The problem will 
be to change locale from outside to inside a 
building in a manner convincing to the audience, 
without changing scenery, but merely by chang- 
ing reverberation time. 

Despite the fact that our technique is still 
used in relatively few productions, its use and 
its imitations have already had some influence 
upon theater organization and production meth- 
ods. The sound technician is an accepted member 
of many producing organizations. He is either 
an independent department head, or under the 
chief electrician, depending upon the size and 
importance of the sound installation. Sound 
systems are used in about 50 percent of the 
legitimate productions in New York for other 
than re-enforcement purposes. The orchestra is 
taken out of the pit where it forms a source of 
visual distraction in an increasing number of 
productions. 

The “Living Newspaper’”’ achieved by light 
and sound many dramatic values traditionally 
assigned to other elements of production and 
thereby got a fast moving and concentrated 
show out of ideas rather than characters. The 
“Living Newspaper”’ is a genuinely new dramatic 
idiom. Though none of its productions made 
full use of our technique, none would have been 
possible without it. Elements of it appear in 
increasing numbers in new scripts. 

You are, of course, curious about our appar- 
atus, and I can’t tell you a great deal there 
because, as you know, experimental apparatus 
is completely redesigned and rebuilt as often as 
a problem comes along which can’t be solved 
with what you have. For analysis we use simple 
enough devices, an oscillator, a wave form an- 
alyzer, a reverberation measuring device, a sound 
level meter, ripple tanks and models, a slide 
rule and a great deal of paper. 

For control apparatus we use motion picture 
sound heads, microphones (we have had to 
design and build our own sometimes for special 
purposes), pick-ups (the Fairchild mechanism 
which permits instantaneous cueing was engi- 
neered by Irving Doyle, our first sound tech-' 
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nician), amplifiers and loudspeakers. On our 
control console we mix as many as a dozen 
inputs. We have used as many as 16 speakers 
individually controlled. 

Control becomes progressively simple. Our 
most elaborate installation has only eighteen 
attenuators, and about 60 push button keys 
for presetting. We follow lighting control practice 
because the available operators must come from 
the electrical department. 

With the control apparatus listed we can do 
anything our fancy has dictated to date. I can- 
not answer for tomorrow. Many new devices 
bid fair to simplify our problems. Sidney Wolf's 
device for controlling apparent reverberation 
by the use of magnetized tape has been men- 
tioned and the Columbia Broadcasting System 
has a device which uses a disk whose edge is 
covered with a phosphorous compound which 
is used for the same prupose. William H. Offen- 
hauser, Jr., and John J. Israel are experimenting 
with a system which achieves very startling 
apparent auditory perspective. The Hammond 
Organ, the Novachord, the Vocoder and the 
Voder are devices with which almost any sound 
may be manufactured. 

Simplification of control has been a major 
problem for us, but no matter how we simplify 
it, it takes a long time to show people what 
sound control apparatus is for, and how to use 
it. For example commercial producers like to 
keep control backstage where cueing and inten- 
sity setting are difficult. Architects generally are 
most cooperative in making provision for sound 
control equipment in new theaters. We have 
trouble with contractors who think sound con- 
trol requirements can be altered to fit existing 
equipment. We recently drew specifications for 
the sound installation for a new midwestern 
college theater. If they had been followed, the 
theaters would have been able to do pretty 
nearly anything with sound. But a local con- 
tracter altered them to a point where the system 
would be theatrically almost useless. In a factory 
you may need both a lathe and a boiler. But 
the factory can’t produce much if you install 
the lathe in the boiler. 

Another major problem which is a source of 
unending irritation is the inability of many 
people to understand that all reproduced sound 
in the theater has to be reproduced so well that 
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the audience will never suspect the existence 
of a sound system. The producer will often use 
the cheapest equipment he can get and then 
wonders why it doesn’t sound right. It’s natur- 
ally hard on us when novices give a bad name 
to anything involving electronic control of sound. 
I have repeated this precept almost daily for 
many years, and here it is again today: If you 
can’t reproduce sound well enough to prevent 
your audiences guessing that you have a.sound 
system, throw your system out. Get your dra- 
matic effect some other way. You can’t escape 
sound. Badly handled sound is worse than 
scenery that falls down. It destroys utterly any 
illusion the actors have managed to create. 

When I cited the functions of the visual 
component of the show as analogous to the 
auditory component I mentioned the fact that 
something was known of audience preference 
in line and form and audience reaction to color 
and intensity of illumination. We shall not be 
able to make even adequate artistic use of 
sound until the field of audience reaction thereto 
has at least been thoroughly explored. Aside 
from what Dr. Fletcher and others have taught 
us about hearing the field is practically virgin. 
Control of sound postulates the use intensities 
from threshold of audibility to threshold of pain; 
frequencies from the subsonic to the supersonic; 
sounds which can be harmful to the audience 
or can knock the theater down. Moreover, sound 
is inescapable. You can shut your eyes to the 
visual component of the show; but the sound 
comes out and gets you. The importance of 
knowing something of audience reaction to sound 
is obvious. 

Naturally, we shall not discover much about 
it. It ought to take a generation or so even to 
get a good start. But we propose if we can to 
find at least one path by which audience reaction 
to sound stimuli may be approached. 

There are many possible starting points. The 
psychologists have some pertinent data. The 
American Medical Association has been very 
helpful. We are in touch with some psychiatric 
studies and studies in the effectiveness of pro- 
paganda. I am, however, particularly hopeful 
of a study we have been discussing with the 
television broadcasters. Television is a new me- 
dium which depends more on its auditory than 
than its visual component for its effectiveness. 
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Its programs are produced under controlled 
conditions and are easily recorded. Its audiences 
are small enough to make reaction analysis easy. 
Stimuli are measurable. And the program ma- 
terial turnover is rapid enough to allow for 
repetition of observably effective phenomena in 
a few weeks time, whereas one might have 
to wait years to make repeat observations and — 
measurements on specific phenomena in legit- 
imate production or films. If we get anywhere 
with a study of this sort it ought to be very 
important in establishing for television an idiom 
of its own. 

We have a theory that the whole auditory 
component of a show should have enough unity 
and dramatic significance to form a complete 
work of art even if divorced from the visual 
component. That doesn’t mean a radio play. 
Most radio plays would be intolerable if any- 
thing were visible. It does mean that speech, 
prop sounds, background music, all the sound 
in the show, if planned according to the prin- 
ciples of musical composition, can have many 
times the dramatic power that they now have. 
We have made a number of experiments to test 
the theory. They have been exciting. A pro- 
duction whose whole auditory component is 
composed as music has all the advantages of 
opera minus the heavy soprano or the limitations 
of the human voice or the musical instrument. 
We hope to try out the theory further in a 
motion picture where it should show up to 
considerable advantage. 

That, in brief, is the story. We have tried to 
control sound so that the artist in the theater 
can use it to make a good show. We are trying 
to provide for the artist some knowledge of the 
scope and power of his enhanced medium of 
expression. We are developing technical and 
artistic techniques to facilitate the dramatic use 
of controlled sound. In any case, the limi- 
tations on the auditory component of the show 
are off. The players may speak with the tongues 
of men and of angels. With sound you can 
compel the audience to laugh, to weep. You 
can knock them off their seats, you can lay 
them in the aisles, you can make them believe 
what you will. It has been done. We will one 
day see the production of the ‘‘Tempest’’ Shake- 
speare envisioned and a “Gotterdammerung”’ 
which would have satisfied Wagner. 
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A New Electronic Musical Instrument 


EARLE L. KENT 
Armour Institute of Technology, Chicago, Illinois 
(Received October 20, 1939) 


INTRODUCTION 


HE musical instrument described in this 
paper was designed to perform favorably in 
comparison with a pipe organ. It was intended 
that the instrument should be first of all an 
organ and any other effects or features that were 
possible, because of its electronic nature, were of 
secondary importance. 

It seemed desirable that the instrument should 
be made up of elements that could be considered 
as pipe equivalents in order that the quality, 
pitch and intensity of every tone could be estab- 
lished independently, thus making it possible to 
voice the instrument in the accepted manner but 
not necessarily with the limitations inherent in 
pipe organs. 

The method of tone generation selected was the 
electrostatic generator mechanically modulating 
a high frequency carrier. This method makes 
possible the use of pipe equivalents in a compact 
and practicable manner and the tones may be 
easily and properly keyed and mixed. 


ORIGIN OF TONES 


The procedure for obtaining the pipe equiv- 
alents in the electronic instrument is as follows: 
Suppose that it is desired that the electronic 
instrument produce a diapason chorus similar to 
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that of some particularly fine pipe organ. A 
microphone is set up at the pipe organ and oscil- 
lographic photographs made of its diapason 
tones, such as shown in Fig. 1. 

This oscillogram may be made in the conven- 
tional manner in rectangular coordinates or it 
may be desirable to use an oscillograph designed 
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especially for this purpose and capable of record- 
ing the wave shape in polar coordinates. Oscil- 
lograms properly taken in polar coordinates can 
be transferred directly to a master plate photo- 
graphically, while those in rectangular coordi- 
nates must be transferred indirectly. This master 
plate with the diapason wave shape recorded on 
it, along with shapes of other tones, would appear 
as in Fig. 2. 

Another plate is made photographically with 
a pattern as shown in Fig. 3. This plate is in a 
sense a mate to the one in Fig. 2. 

A piece of insulating material is coated with a 
thin layer of metal by distillation or any suitable 
process. This metal is etched using the conven- 
tional photoengraving procedure, so that the 
lines on the master plate (Fig. 2) are etched 
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completely through the thin metal coating 
leaving the wave forms of the different tones as 
islands of metal surrounded by metal but elec- 
trically insulated from it by the etched lines. 

In a similar manner another metal coated 
piece is made with the pattern in Fig. 3 etched 
through the metal so that the concentric rings 
and their respective radial scanning bars are 
insulated from the adjacent metal. 

The pieces just described are mounted in such 
a way that the piece with the pattern in Fig. 3 
etched on it (rotor) can be rotated with respect 
to the other piece with the tone islands or pipe 
equivalents engraved (stator). To make better 
utility of space both sides of the rotor can be 
used by etching the pattern in Fig. 4 on the 
opposite side and using it in conjunction with a 
stator having the pattern in Fig. 5 engraved. 

This unit takes a space no larger than approx- 
imately 6X64” and when it is properly 
connected electrically and is rotated it is capable 
of producing six tones in octave intervals with 
the following arrangement of stops: 


Solo 
16 ft. Concert flute 8 ft. Oboe 
8 ft. Diapason 8 ft. Vox Humana 
8 ft. Flute 4 ft. Flute 
8 ft. Cello 4 ft. Cello 
8 ft. Viol 4 ft. Diapson and octave 


8 ft. Clarinet 
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Accompaniment 


8 ft. Dolce 
8 ft. Harmonic flute 
8 ft. Cello 


8 ft. Diapson 
8 ft. Trumpet 
4 ft. Octave 


8 ft. Philomena 4 ft. Flute 
Pedal 
16 ft. Diapason 8 ft. Rohr flute 
16 ft. Viol 4 ft. Flute D’ Amour 
8 ft. Cello 


A complete two-manual organ having this 
arrangement of stops, or a similar arrangement, 
requires twelve units like the one described and 
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they occupy a space approximately 4/12” 
X36’’. One unit generates all of the C’s, another 
all of the C#’s, and so on for the twelve intervals 
of the scale. If it were desired that all tones from 
a particular stop be of uniform timbre and in- 
tensity over the pitch range of the instrument, 
the twelve units may be constructed alike. How- 
ever, if it is desired to conform with pipe organ 
voicing practice, the tones are made to vary in 
quality and intensity over the pitch range of a 
stop by using slightly different master plates in 
the etching of the stators and outside of the cost 
of the original master plates it is just as econom- 
ical to voice the instrument properly as not. 


ELECTRIC CIRCUIT 


If the unit is placed in a circuit in such a way 
as to connect a ring of scanning bars on the rotor 
to a high frequency vacuum tube oscillator and 
an island to a vacuum tube detector, amplifier, 
and loudspeaker, tones will be heard in the loud- 
speaker. The metal surrounding the scanning 
bars and surrounding the islands is grounded and 
serves as an electrostatic shield to prevent cross 
talk between the various elements. 

The electrical circuit for amplitude modulation 
of the high frequency voltage from the oscillator 
is shown in Fig. 6. 

The meaning of the symbols is as follows: 
E=radiofrequency input voltage. 

E’=modulated radiofrequency output voltage. 

C=capacity from island to scanning bar. 

C,=capacity of condenser through which the radiofre- 
quency voltage is placed on the scanning bar. 

Co=capacity of left plate of C; to ground. 

C,=capacity of scanning bars and ring to ground. 

C,=capacity of island to ground. 


From an analysis of this circuit, it can be 
shown that 


CC, 
/ 





(1) 


‘(CeONCI+C)40C, 
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From the construction of the apparatus the 
following estimates of the various capacities have 
been made: 


C,=10°C, C,=10°C, C,=S50C. 


From the construction it can also be seen that 
a change of capacity AC in the modulating con- 
denser C is accompanied by a change —AC in C, 
and —AC in C,. 

If the term CC, in the denominator of (1) is 
neglected an error less than 0.001 percent is 
made. Thus (1) may be written 

CC, 
E’'=E ——., (2) 
(C+Cy)(Cit Cy) 





Suppose now that C is changed by an amount 
AC. Since the changes in C and C, are equal and 
opposite the factor (C+C,) in the denominator 
of (2) remains constant. Since the factor C,+C, 
=10° C, the error introduced by neglecting the 
change in C, and assuming C,+C, to be constant 
is about 0.001 percent of the total change in E’. 
Thus for all practical purposes the denominator 
of (2) may be assumed constant and (2) may be 
written 


E’ =kC, (3) 


where k is a constant. From (3) it is evident that 
the modulation is proportional to the capacity 
change between the scanning bars and the island. 

This electrostatic method of tone generation is 
analogous to an optical method using variable 
area recording as is shown in Fig. 7. In the optical 
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method it is possible to make the width of the 
light beam quite small compared to the length of 
a recorded tone cycle. For a film speed of 1.5 
ft./sec. and a light beam 0.001 inch wide, the 
ratio of beam width to wave-length for a 32-cycle 
tone is 1 : 562 while the ratio of scanning bar to 
island width as shown in Figs. 2 and 3 is about 
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1 : 64 for the 32-cycle tone. This ratio has a very 
great effect upon the overtones that it is possible 
to obtain. 


EFFECT OF SCANNING BAR WIDTH 


Suppose the wave form to be scanned is f(x), 
where f(x) is defined in the interval 0< x 2r. 
The area of this function under the effective 
scanning bar width of 2b, when the middle of the 
bar is at point x, is given by 


z+b 


Area under bar = F(x) -{ f(x)dx. (4) 


z—b 


The function f(x) can be expanded into a 
Fourier Series as follows: 


f(x) =ado+a; sin (x+41)--- 
+a, sin (nx+06,) +--+. (5) 


In order to determine how this function f(x) is 
reproduced as the scanning bar passes over it, 
we perform the integration given by (4). The 
result is 


sin } 





F(x) = 21) av a, sin (x+6,;)+--- 


sin nb 


+ —d, sin (na-+ 04) (6) 





nb 


If nb is small, so that sin nb=nb, then F(x) 
reduces to 


F(x) =2b[ao+a, sin (x+6;)+--: 
+a, sin (nx+6,)]=2bf(x). (7) 


Thus it is evident that if 2b is small F(x) is pro- 
portional to f(x). 

To find the maximum width of the scanning 
bar which may be used so that the amplitude of 
each harmonic, up to the mth, of F(x) may be 
proportional to the amplitude of the correspond- 
ing harmonics of f(x) to within p percent, it is 
evident from (5) and (6) that 


nb—sinnb p 
nb —«:100 





This indicates that the tenth harmonic of the 
32-cycle tones reproduced within these patterns 
would be reduced about 3 percent and the har- 
monic reduction would be greater in the tones 
produced from the shorter islands. It is possible, 
however, to edit the wave form before placing 
it on the master plate to make up in advance for 
these reductions due to the finite width of the 
scanning bar. In this editing process it is possible 
to phase the harmonics and adjust their ampli- 
tudes to give an island shape that compensates 
for any desired scanning bar within reasonable 
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limits and for any deficiencies that are present 
in the electric circuits and loudspeakers. 


KEYING 


A schematic diagram of part of the electric 
circuit, including keys, is shown in Fig. 8. Since 
a relatively high frequency is keyed, it is prac- 
ticable to use a variable capacity switch for 
keying. This eliminates the abrupt attack and 
release of the tones that usually accompanies the 
keying of audiofrequency circuits. By using dif- 
ferent frequency oscillators for each manual and 
the pedals it is possible to use the same scanning 
bars and, if desired, the same islands for each 
manual, since different independent channels 
through the rotors are possible when different 
carrier frequencies are used. Maximum utility 
of space and equipment is therefore obtained, for 
one ring of scanning bars may be used in gener- 
ating C for all manuals and pedals and one 
island can be used independently on several 
manuals without borrowing, as is sometimes done 
in small pipe organs. This use of different carrier 
frequencies make unison coupling possible with 
but one switch for each manual coupled. 

If two identical islands are placed in a space 
normally occupied by one 8-ft. island, they will 
yield a 4-ft. stop, since the islands are scanned 
twice as often as the single island and will sound 
an octave higher. By using this principle a 
chorus of pipe equivalents is made available 
without complicating the key switching and the 
relative power of the ranks may be tapered as 
desired. 

Slight low frequency changes may be made in 
the instantaneous speeds of the rotors by one of 
several electromechanical means, thereby im- 
parting a vibrato to the generated tones. When 
slightly different vibrato frequencies are applied 
to each of the twelve rotors they give an 
enrichening warmth to the music produced. This 
effect is not distinguishable as a vibrato if 
moderately applied but tends to temper the 
mechanical exactness of pitch that is inherent in 
mechanically driven generators. Vibrato ob- 
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tained in this manner is more pronounced on the 
higher tones than on the lower, which is desirable. 


SUMMARY 


The use of a super-audiofrequency, modulated 
mechanically by variable condensers, makes 
possible the use of-very small condensers. Tuned 
circuits tune out stray capacitance that would 
ordinarily constitute a serious loss, they tune 
out stray noise pick-up, such as 60-cycle hum, 
and they make possible a multiple use of the 
rotors by the use of different carrier frequencies 
for the different divisions of the organ. The latter 
features makes unison coupling very simple to 
obtain. Since so many predetermined tone tim- 
bres of almost any desired harmonic content are 
obtained in a small space, there is no need for 
the synthesis of tones by the musician. 

The instrument may be voiced exactly as a 
pipe organ, without mixtures or mutations, and 
many new tone colors are available since tones 
are not limited to pipe or reed tones. The tone 
response is easily handled since only one circuit 
need be keyed. A normal response may be had 
by a simple capacity switch. 

This method of tone production makes it 
economically possible to build instruments to 
fill every organ need. Large installations may use 
more than twelve rotors giving a wealth of stops 
voiced especially for the auditorium, and an 
entire instrument, meeting American Guild of 
Organists’ standards, can be built in a small unit, 
taking no more room than an average pipe organ 
console. 

Careful analysis and numerous tests show that 
the principles outlined here are not only scien- 
tifically sound but that it is practical to produce 
an organ operating on them. 
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An Artificial Larynx for Speaking and Choral Singing by One Person 


F. A. FIRESTONE 
University of Michigan, Ann Arbor, Michigan 


NTIL recently, the writer regarded an 

artificial larynx as a vibrating reed device 
capable of introducing a complex tone into the 
mouth of anyone unfortunate enough to have 
lost the use of his vocal cords, thereby permit- 
ting that person to make understandable speech 
through the manipulation of his tongue and 
lips in approximately the normal manner. Such a 
device was effectively demonstrated by Mr. R. 
R. Riesz at the first meeting of the Acoustical 
Society.! However, if one provides the artificial 
larynx with sufficiently precise controls of pitch, 
volume, and quality, and further provides means 
for introducing several pitches simultaneously, 
then it can not only be used for speaking but 
also for the singing of several part harmony 





1R. R. Riesz, ‘Description and Demonstration of an 
Artificial Larynx,” J. Acous. Soc. Am. 1, 273 (1930). 
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by a single person. It thus becomes a device 
worthy of the attention of those having normal 
vocal cords which may or may not be used to 
sing an additional part. 

As shown in Fig. 1, the sound is produced 
by a loud-speaking receiver unit such as is used 
on the horns in movie theaters (Western Electric 
555). This connects with a glass tube as shown, 
about 18 cm long over all, being of inside di- 
ameter 0.8 cm at the speaker and and 0.6 cm 
inside diameter within the mouth. The straight 
portion entering the mouth is 6.7 cm long and 
most of this length is taken into the mouth, 
the tube being placed in the side of the mouth, 
inside the teeth, but at the side and somewhat 
above the tongue so as to permit the tongue 
to move up and down in its normal manner 
without shutting off the end of the tube. The 
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Fic. 1. General arrangement of artificial larynx as used for speaking or singing. 
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Fic. 2. Suggested circuit of relaxation oscillator and amplifier for use with the artificial larynx 
for speaking or singing. 


end of the tube should be far enough back so 
that when the base of the tongue rises in making 
the nasal sound ng as in “lung,” the tube will 
hold down one corner of the base of the tongue 
and continue to pass sound back into the throat 
and out through the nose. Saliva traps as shown 
are useful in protecting the diaphragms of both 
speakers. Mr. Riesz recommends the use of a 
rubber tube but the writer has not had much 
experience with that style. Care should be taken 
not to feed too much voltage to the speaker 
unit, especially with the glass tube removed, 
since the diaphragm may be damaged when 
operating under less acoustical loading than 
that provided by the horn with which the unit 
was designed to be used. Without the mouth 
over the end of the tube, the sound pressure 
radiated by unit voltage across the speaker, is 
roughly constant above 1500 cycles but with 
variations of about 15 db; from 1500 down to 
250 the response falls about 25 db, below which 
it is constant. These data are not of much con- 
sequence since with the mouth in place, at any 


frequency above 500 cycles, the sound pressure 
level can be changed by 25 to 30 db just by 
moving the tongue and lips so as to produce 
resonance. 

For producing speech, the speaker unit is 
connected to an audiofrequency oscillator hav- 
ing a sufficiently complex wave form as to 
provide a large number of harmonics of sensible 
amplitude. The oscillator should be provided 
with a continuous, rapidly operable control of 
frequency so as to permit the desired inflection 
to be given to the speech. In order to permit 
the distinguishing of the voiced and unvoiced 
constants, a quickly operable continuous volume 
control, similar to the push button volume 
control described below, should be provided. 
A relaxation oscillator, having its higher har- 
monics somewhat moderated by a condenser- 
resistance network, gives a very satisfactory 
wave form for the purpose; in fact, the sweep 
circuit oscillator for a cathode-ray oscillograph, 
connected to a power amplifier through a simple 
condenser-resistance network, forms a very con- 
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venient source. If such equipment is not avail- 
able, an oscillator and amplifier can be built 
as shown in Fig. 2. The frequency is determined 
by the rate at which condenser Cs charges 
through the resistors R3 and Ry. The frequency 
range is selected by switching in the appro- 
priate size of condenser, and the frequency is 
continuously controlled during speech by vary- 
ing the tapered 1-megohm resistor Ry. The 
similar resistor R3 is used as a fixed trimmer, 
or may be used as the frequency control in 
case Ry, should break down. The higher har- 
monics are attenuated by the 0.5-megohm series 
resistor and a condenser C, to Cg; if this network 
is not used, the voice is unduly raucous and 
unrefined, in fact, the system would profit by 
a similar mesh in addition to the one shown. 
In addition to the 0.5-megohm fixed volume 
control as shown, there is a 0.1-megohm variable 
resistor across the input to the amplifier tube, 
which serves as a quickly operating volume 
control for distinguishing between voiced and 
unvoiced consonants, and for shutting off the 
voice between phrases and at the end of sen- 
tences. This was constructed as shown at the 
right of Fig. 2 and consists of the resistance 
element of a tapered volume control whose 
moving parts have been replaced by a flat strip 
of phosphor bronze of the shape shown in the 
dotted outline. This strip is riveted at one end 
and normally springs up against the resistance 
element so as to reduce the resistance to zero 
and shut off the sound, but when the push 
button attached to the center of the strip is 
depressed, the strip gradually unrolls and the 
sound is started without a click. This control 
is mounted externally to the oscillator box on 
the end of a shielded cable so as to be conven- 
iently operated by about 4 mm of motion of the 
tip of the right index finger, the frequency con- 
trol on the oscillator box being operated by 
the left hand. While this system has enough 
output to address several hundred people di- 
rectly in an auditorium, it is advantageous 
to use a public address system since this enables 
the sound to be introduced into the mouth at 
a comparatively low level so that the fricative 
consonants are brought forth in higher relative 
level, thereby improving the intelligibility. It 
is desirable to use a velocity microphone as 
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close to the mouth as convenient, since this 
accentuates the bass response which is otherwise 
rather low. Additional control of the quality 
of the sound can be obtained by using a beat 
frequency oscillator so connected as to control 
the frequency of the relaxation oscillator. The 
outputs of both oscillators are mixed, amplified, 
and fed to the speaker unit. This enables a strong 
fundamental to be produced, while still retaining 
a full series of harmonics. 

In speaking with this artificial larynx, one 
generates the fricative consonants by main- 
taining a flow of breath and whispering; the 
vocal cords are not used. If the sound source 
is silent, one thus gets by whispering, the un- 
voiced fricative consonants, f, s, th (thin), sh, 
b, t, ch, k; if on the other hand, one whispers 
those same noises with the push button depressed 
and the source sounding, he obtains the voiced 
fricative consonants, v, 2, th (then), zh, 6, d, j, g. 
All of the other sounds, namely the pure vowels, 
diphthongs, transitionals, and semi-vowels are 
produced by the sound source, the tongue and 
lips being operated in approximately the normal 
manner. Thus speaking with the artificial larynx 
consists principally in whispering with the com- 
plex tone introduced into the mouth. 

If one is to distinguish between all of the 
voiced and unvoiced consonants, quite agile and 
well-timed operation of the push-button volume 
control is essential; fortunately, however, in- 
telligible speech can be made with all of the 
consonants voiced, so that the beginner can 
concentrate his attention on distinguishing only 
the final consonants at the end of a phrase or 
sentence, and such others as are essential to 
avoid misunderstanding (e.g. ‘‘pitch’). The 
most important control is the pitch control 
which determines the inflection of the speech, 
expresses the speaker’s emotions, and gives 
proper emphasis to his remarks. With a little 
practice, the speaker learns to avoid operating 
the pitch control so as to get the emphAsis on 
the wrong syllAble. To emphasize a syllable or 
a word, the pitch is raised. The proper emotional 
content can be imparted to the speech, by 
thinking how the sentence would be inflected 
with the normal voice, and then twisting the 
pitch control in accordance with that melody. 
Sometimes the meaning of a sentence depends 
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on the emphasis given to the words, as in the 
sentence used by the voder, “She saw me.” 
Emphasis is determined almost entirely by pitch 
control, and very slightly by volume control. 

In order to sing, it is only necessary to operate 
the pitch control carefully while whispering the 
words of the song; in fact, the singing may sound 
more natural than the speech, since in singing 
we usually make less differentiation between 
voiced and unvoiced consonants. By a simple 
twist of the wrist, it is possible to sing either a 
Russian basso profundo or a delicate soprano. 
By using the vocal cords to sing one part, while 
the oscillator supplies another pitch, a duet can 
be sung with the words pronounced in both 
voices. To sing a duet with the simple oscillator 
pitch control described above, is a trick re- 
quiring some practice since, if the harmony is 
not quite true, one must quickly decide whether 
the vocal cords should be changed or the knob 
twisted in order to restore the proper interval 
and pitch. Pitch control of the oscillator would 
be much simplified if it consisted of a logarith- 


FIRESTONE 


mic resistor laid out along a straight line so as 
to bring the different pitches to the same spacing 
as on a piano keyboard; or one may utilize a 
Theremin, an instrument whose pitch is cop. 
trolled by the motion of the hand in space, 

The most satisfactory performance, however, 
is produced by the use of a keyboard instrument 
as source, such as the Hammond Organ or Ham. 
mond Novachord, the latter being preferable 
since it produces a full series of harmonics. If a 
melody is played on this instrument when con- 
nected to the speaker unit of Fig. 1 instead of 
to its own loudspeakers, and the words of the 
song are whispered, better than average singing 
is produced, since the pitch, vibrato, tone qual- 
ity, and volume are accurately determined by 
the settings of the instrument and very little 
is left to the skill of the performer. Thus, even 
a person whose normal voice is raucous and 
who has very little sense of pitch, can sing a 
very acceptable solo with but a few hours of 
practice. Furthermore, if he has the ability to 
play several part harmony on the keyboard, 





Fic. 3. A set-up as described in the text, utilizing the Hammond Organ as one source for the 
artificial larynx used in singing quartets, etc. 
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he can by himself sing quartets or any number 
of parts, the only limitation being that the 
words must be the same in all the parts. Since 
each of the pitches thus simultaneously pro- 
duced has its own series of harmonics which 
are subjected to the changing resonance of the 
mouth, the words appear to be sung by each 
of the voices in the part harmony. When a solo 
is being sung in sustained tones, it is possible 
at the same time to play an um-pah of bass- 
chord accompaniment through the mouth, and 
if this is played rather staccato, it does not 
appear to be much influenced by the mouth 
resonance; a better arrangement, however, is 
to play the accompaniment on a separate manual 
connected to a regular loudspeaker. Of course, 
even when using the organ as a source, one may 
use his vocal cords to sing one part if he wishes, 
this having the advantage of introducing a tone 
quality which is different from the remainder 
of the chorus and possesses a smooth glissando 
which cannot be accurately obtained with a 
keyboard instrument. 

If one is not able to play a keyboard instru- 
ment, he can still sing by playing instrumental 
music from a phonograph record through the 
speaker unit, whispering the words, and thereby 
adding the words to the song, as was done in 
Dr. Dudley’s demonstration of the vocoder. 
Records should be selected which render instru- 
mental arrangements without the words being 
sung, of numbers for which you know the words, 
for instance, School Days, Victor No. 24178-A, 
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or Liebestraum, Victor No. 35820—B. The latter 
is particularly good since it is a cello solo, and 
has a rich tone similar to the voice. A wide 
variety of noises to be found on records, can 
be used for making speech, if not music; one 
can even make understandable speech out of a 
trap drum solo (try Dusk in Upper Sandusky, 
Decca 63692). 

A crude artificial larynx suitable for demon- 
stration purposes can be constructed in a few 
minutes. An ordinary musician’s reed pitch 
pipe is attached to a few inches of glass tubing 
suitable for conducting the sound into the 
mouth. The reed may now be blown with com- 
pressed air led to it through a rubber tube. It 
will probably be found, however, that the sound 
of the reed under these conditions is very much 
muffled due to the inertia of the air in the supply 
tube. This can be alleviated by inserting in the 
supply tube, near the reed, a glass bulb of 
about 200 cubic centimeters capacity which 
supplies an acoustical mobility, permitting the 
air to vibrate easily through the reed. 

The author has been informed by Mr. Hugh 
Knowles that he has tried some of the above 
experiments. A few weeks efter publicly demon- 
strating the equipment described herein (see 
Fig. 3), the writer heard over the radio a demon- 
stration by Mr. and Mrs. Wright of a similar 
set-up except that the sound was fed into the 
mouth by vibrators attached just outside of 
the larynx; that arrangement has some obvious 
advantages. 
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News of the Society 


IowA MEETING 


The Iowa Meeting of the Acoustical Society, held 
November 2, 3 and 4, 1939, at the State University of lowa 
in Iowa City, was unusually interesting and well attended, 
especially for a meeting held so far west. The meeting 
started Thursday evening with an extremely interesting 
public demonstration of the Vocoder by Mr. Homer 
Dudley 


mately 700 people. 


and Mr. Vadersen before an audience of approxi- 
Friday 


followed by 


noon offered one a choice of 
luncheons, discussions either of musical 
instruments or sound in the theater. On Friday evening 
F. A. Firestone presented a not too serious demonstration 
of the use of the artificial larynx in speaking and choral 
singing, the apparatus being christened unofficially by 
Mrs. C. E. Seashore, the 


lecture, the variety of effects of the Hammond Novachord 


“vokidder.”” Following this 
was charmingly demonstrated by Mrs. F. R. Peterson of 
Iowa City. 
Dean Emeritus Carl E. Seashore and Professor George W. 
Stewart, a sincere and beautiful tribute being paid to these 
men by Dean D. G. Stoddard of the School of Education 
of the University Both Dean 
Seashore and Professor Stewart are members of the 
National Academy of Science. Many of the members of 


The luncheon Saturday noon was in honor of 


ef Iowa (see page 267). 


Bronze bust of Dean Carl E. Seashore presented by a group 
of friends and former students. 


the Acoustical Society were not aware that Dean Seashore 
was honored a second time when the Philosophical Clyb 
of the University, on Saturday evening, unveiled a bronze 
bust of him, on behalf of a group of friends and former 
students. The soirée included music by a trio, featuring 
violinist Arnold Small, member of the Acoustical Society, 

A wide variety of. papers were presented and so many 
papers were available that the Society met at times in two 
It is interesting that the Acoustical Society, 
though a member of the American Institute of Physics, 
contains but a moderate number of members who would 


sections. 


call themselves physicists. The Society includes engineers, 
psychologists, otologists, teachers of speech and music, and 
a wide variety of others whose principal interest involves 
acoustics in some manner. At the University of Iowa, the 
departments of Psychology, 
Physics, are well represented in our Society and con- 
tributed to the success of this meeting. 

The local program committee, especially Professor Don 


Lewis and Professor J. Milton Cowan, deserve great credit 


Speech, and Music, as well as 


for planning and executing this meeting. 


FuTuRE MEETINGS 


The next meeting of the Acoustical Society will be held 
in Washington, April 29 and 30, 1940, with Wilbur F. 
Snyder as Chairman of the Program Committee. Papers 
should be submitted to Mr. Snyder for inclusion on the 
program of this meeting. The Fall meeting in 1940 will be 
held in Chicago the second week of November. 


New MeEMBERS—ACOUSTICAL SOCIETY OF AMERICA 


C. E. Schaup, 
2316 Green Street, 
Harrisburg, Pennsylvania. 


Lewis S. Ayars, Jr., 
The Celotex Corporation, 
101 Park Avenue, 


New York, New York. 
J. W. Schede, 


129 Douglas Place, 


Vincent Elliott Eitzen, Mount Vernon, New York. 


6853 Ridgeland Avenue, 
Chicago, Illinois. Harold K. Schilling, 
Department of Physics, 
Union College, 


Lincoln, Nebraska. 


Lloyd Alexander Jeffress, 
University of Texas, 


Austin, Texas. 


Horace Maynard Trent, 

Box 111, 

Frank Austin Lidbury, State College, 

c/o Oldbury Electro-Chem- 
ical Company, 


Niagara Falls, New York. 


Mississippi. 


Reginald Mafeking Webber, 
Seddon Memorial Technical 


College, 


Auckland, New Zealand. 


Hale J. Sabine, 

The Celotex Corporation, 

919 North Michigan 
Avenue, 


Deceased: Bertrand Molde- 


stad. 


Chicago, Illinois. Total membership, 7 
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Edward Elway Free 


_ the death of Dr. Edward Elway Free 
on November 24, 1939, in New York, 
the Acoustical Society of America lost a true 
friend; and science, a distinguished contributor, 
teacher and writer. As treasurer of the Society 
in its early years, he helped lay the foundation 
for the steady growth which the group has 
enjoyed. He will be best remembered by his 
friends in the Society for his pioneering work in 
measuring city noise, which preceded the forma- 
tion of Noise Abatement 
Commissions in a number 
of cities in this country and 
abroad. However, his 
an interest so broad and a 
zest for knowledge so great 
that he was led into extra- 
ordinarily diverse fields, such 
as, for example, anthropol- 
astronomy, acoustics, 


Was 


ogy, 
geology, weather condition- 
ing and plant chemistry. 

Dr. Free born at 
Dagus Mines, Pennsylvania, 
on May 3, 1883, the son of 
Dr. Spencer Michael Free 
and Mary Elway Free. He 
graduated from Bellefonte 
Academy in 1902, and then 
attended Cornell, where he 


was 


received an A.B. degree in 
1906. In 1917 
the degree of 


he received 
Doctor of 
Philosophy from Johns Hop- 
kins University. 
Upon graduating from 


Cornell, Dr. Free served 





Photograph by Brown Brothers 


E. E. Free 


one year as assistant chemist at the Agri- 
cultural Experiment Station of the University 
of Arizona, and then joined the staff of 
the United States Department of Agriculture, 
where he stayed until 1912. In this work he 
helped find the potash deposits at Searles Lake, 
California, one of the more important sources of 
potash in this country. 

In 1912, Dr. Free engaged in consulting work 
in chemistry and physics, and later organized 
the E. E. Free Laboratories, 
which he headed until his 
death. Among his contribu- 
tions while engaged in this 
capacity was a cure for 
strawberry plant disease, 
and methods of preventing 
tomato wilt and the black 
wilt of pea and beet seedlings. 

From 1924 he served as 
editor of the Scientific Amer- 
ican for a one-year period 
and began writing 
articles on scientific subjects. 
From 1926 to 1934 he lec- 
tured on Outlines of Science 
at New York University. 
In this work he revealed a 
passion for sharing the truths 
of science with others, and 
his writings and teaching 
won high praise for their 
accuracy and interest. Always 


news 


a friend and wise counselor, 
his untimely death leaves 
many with a sense of irrep- 
arable loss. 
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Current Publications on Acoustics 


F. A. FIRESTONE 


147 East Physics Building, University of Michigan, Ann 


Arbor, Michigan 


Reviews of Contemporary Papers 


EMBERS who have occasion to translate important papers from foreign journals will be 


doing a real service to those members 


who do not read the 


foreign languages easily, if they 
7 g guag y, 4 « 


will prepare a review of such articles for publication in this section. 


These reviews should be of the nature of a lengthy abstract (500 to 1500 7 


vords) rather than a 


critique or appraisal, and should attempt to set forth in this limited space as much of the original 
author’s contribution as possible. One or two figures may be included if desired. 


The Normal Modes of Vibration of Rooms with Non- 
planar Walls and an Investigation of Diffuse Sound Reflec- 
tion. E. SkuprzyKk, Akustische Zeits. 4, 172 (1939).—This 
paper investigates the normal modes of vibration of model 
chambers, one wall of which is nonplanar or inclined. Also, 
the validity of the Lambert optical cosine equation for 
reflection from diffuse surfaces is established for acoustical 
reflection. To investigate the first problem a cylindrical 
tube of variable length was employed, terminated at one 
end by the diaphragm of the driving unit and at the other 
by a plunger to which was affixed the irregular termination. 
A carbon microphone was mounted in the tube as a sound 
pressure detector. 

The solution of the wave equation in cylindrical coor- 
dinates 7, ¢. z for a tube with rigid planar ends is: 


®,=[D cosme+E sin me ] 
X CIn(Kmyr/R) [cos (hxz/l)], (1) 


wherein ®,, is the velocity potential for the mth normal 
mode of vibration, R is the radius of the tube and /7 its 
length. Three different types of normal modes of vibration 
are found; namely, axial, radial, and combined axial and 
radial resonances. The first, axial resonances, are described 
by the third bracket and their normal frequencies are har- 
monically related, i.e., 4 is integral. The second occur when 
h equals zero and the normal frequencies of these are 
expressed by 


k= (2tfnvy)/C=Ynv=Kmy/R (2) 


and are not harmonically related.! The lowest frequency, 
fi, is equal to 1.84¢/(27R). The third, combined axial and 
radial resonances, are described by the general expression 
(1). If the tube is terminated nonplanar, the boundary 
conditions can only be satisfied through superposition of 
several terms similar in form to (1) and since further 
Jo(0) =1, yoo=90, woo= w/c, then 


x cos m(g+h») 


m 


4 2 a {A myl*# my? — B,, ye*#mv? } . (3) 
v 


,, = C cos “(2+Al) + 
Cc 


Where um» = ((w*/c?) 


—Ymvy?)! and Al and b, are phase 


factors. In (3) the velocity potential consists of a customary 
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The dif- 
fraction terms are important only in the vicinity of the 
termination, the exponential dying away with the distance 
from the nonplanar surface. 

Equation (3) would lead to a complete solution satisfying 
the boundary conditions, but would be very difficult to 
calculate. However, below the frequency f1; the axial 
modes of vibration can be calculated approximately. In 
this frequency region the sound field consists of a plane 
standing wave plus diffraction terms. These diffraction 
terms are important only in the vicinity of the termination 
and in the termination itself, becoming negligible at a dis- 
tance, say, £, from the termination. With these assump- 
tions the velocity potential in the tube can be expressed as 


0SsS/-£:. (4) 


standing wave and, in addition, diffraction terms. 


®,=ccoskz for 


Where z is the distance from the plane tube end and / is 
the length of the tube. In order to determine the sound 
field in the termination the differential equation ordinarily 
applied to horns and horn-like structures is used.2 
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Fic. 1. Various enclosures under investigation. 
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Fic. 2. Frequency separation, Af =f, —fn_1, between successive normal 
modes of vibration vs. their ordinal number. 


where SS is the cross-sectional area and y is the distance 
from the end of the termination (Fig. 1). A solution to this 
equation is valid if the wave-length is long compared to 
the width of the tube and if at the junction of the tube and 
termination an abrupt change in area does not occur. 
Since the latter is in general not true then the solution will 
only be valid up to a value of y=d— £2. With these assump- 
tions, Skudrzyk writes at the boundaries of the volume 
between y=d—& and z=/—£,, the following equations 
of continuity: 


1. Continuity of pressure: 
(pil —t1 = (p2)d -é2. 


2. Continuity of volume current: 


, (2) (s. =) 
ag Jt ay Jd 8s 


and further to facilitate the calculations 
&i+f2.=0. 


Calculation of the normal frequencies for (a), (c), and (d) 
in Fig. 1 were carried out. His calculations for (a) agreed 
quite well with the measured values of normal frequencies. 
He publishes no comparisons for (c) and (d). 
Measurements showed that the normal frequencies for 
tubes terminated nonplanar are not harmonically related. 
Fig. 2 shows the frequency separation of successive modes 
of vibration plotted against their ordinal number. Measure- 
ment of the sound field showed that plane standing waves 
with \/2 separation were present in the tube and only in 
the termination was an increase of pressure observed. 
Skudrzyk further chooses to show his experimental data 
in the form of so-called ‘‘termination curves.” If fn is a 
frequency at which a tube of length / plus termination of 
length d resonates, then the length /* for which an equiva- 
lent Kundt tube (planar termination) would resonate in 
the nth normal mode at the same frequency is expressed 
by /*—2nc/fn. The difference Al=/*—/ is called the 
elongation of the tube through termination and is inde- 
pendent of the cross section of the tube. The termination 
length d can be eliminated if the frequency is expressed 
through the number of wave-lengths d/d which fall in the 
terminating length. Then if a plot of Al/d vs. d/X is made 
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Fic. 3. Termination curves. 


the curves will be substantially independent of the dimen- 
sions for each type of termination. Fig. 3 shows “‘ter- 
mination curves” for four different types of terminations. 

Subjective-objective comparisons were attempted for 
tubes having different types of terminations by means of 
impulse investigations. The tube was excited by means of 
a sharp electrical discharge and the resulting sound at the 
end opposite the termination was recorded oscillographi- 
cally and listened to simultaneously. A low-pass filter 
allowed only the frequencies below f; to pass. For planar- 
terminated tubes the oscillograph record showed a succes- 
sion of sharp impulses separated by constant time intervals. 
This type of decay was heard as an unpleasant flutter 
echo. With irregular terminations the reflected impulses 
were broadened and multiplied in number. No flutter 


Fic. 4. Reflection diagrams for an especially prepared reflecting surface 
or frequencies between 47-55 kc. 
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echo was heard in these cases, though the reverberation 
had a sound peculiar to each type of termination. Skudrzyk 
concludes that geometrical distortion of the wall surfaces 
causes a distortion of the harmonic normal frequency 
series and thereby a bettering of the listening suitability 
of such rooms. 

To investigate the validity of the Lambert cosine equa- 
tion in acoustics, a specially prepared diffuse reflecting 
surface was used and the measurements were made at 
supersonic frequencies between 25 and 55 kc. A beam of 
supersonic sound was directed toward the diffuse reflecting 
surface through a slit. The angle of incidence could be 
changed by inclining the surface. A microphone was 
mounted on a semi-circular track above so that it could be 
moved through all angles to the surface and at a constant 
distance from the center of the region where the sound 
beam struck. The magnitude of the irregularities on the 
diffuse reflecting region was about 10 to 15 wave-lengths 
and the irregularities were distributed unsymmetrically 
and thickly over the entire surface. The results of the 
measurements are shown in Fig. 4. In order to satisfy the 
cosine equation the polar plots should be a set of circles 
each of whose diameter is proportional to the cosine of the 
angle of incidence. Skudrzyk concludes that for irregu- 
larities of the order of 10-15 wave-lengths the geometric- 
optical equation is valid and the frequency plays only a 
minor part.—L. BERANEK. 


1 The smaller values of (2) are given in Rayleigh, Theory of Sound 
(Macmillan, 1896), Vol. II, p. 297. 
2 Webster, J. Nat. Acad. Sci. 275 (1919). 


An Electromechanical Feed-Back System for Vacuum- 
Tube Voltmeters with Logarithmic Indication. Lupwic 
KEIDEL, Akustische Zeits. 4, 169 (1939)—An electro- 
mechanical feed-back device is described which when used 
with a suitable vacuum-tube circuit imparts to it a linear 
output vs. a logarithmic input over an input voltage vari- 
ation of 80 db. The device was efficient in operation and 
the maximum deviation in amplification from a true linear 
vs. logarithmic characteristic was +0.25 db. The principle 
involved was that the output voltage should control 
mechanically a grid potentiometer on a previous tube; the 
potentiometer setting determining the over-all amplifica- 
tion. In order to use such a device in low power am- 
plifier circuits, the mechanical friction between the slider 
and the pointer must be reduced to a minimum. To 
accomplish this a potentiometer, shown diagramatically 
in Fig. 1, was developed which consisted of a circularly 
formed vessel with a number of electrodes in which a 
platinum-tipped contact rotated. The space in the vessel 
between the electrodes was filled with a weakly conducting 
fluid (acidified glycerin) to make contact with the platinum 
tip. The liquid produced a negligible shunting effect on the 
fixed resistances. If the contact arm falls between two 
electrodes a mean voltage is taken off whose magnitude is 
determined by the position of the arm and the linearity of 
the voltage between the two electrodes. Experiment showed 
that 30 contacts were sufficient to give the accuracy men- 
tioned above. As a moving force, a strong rotating coil 
meter movement was selected. Affixed to this was a hollow 
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Fic. 1. Principal of the potentiometer. 


glass pointer carrying the platinum tip. A small wire, 
passing down the center of the pointer, connected the tip 
through a hair spring to the grid of the tube. 

A control velocity of about 600 db/sec. was obtained, 
and in order to avoid oscillations aperiodic damping was 
necessary. It was found advantageous to use a separate 
instrument having a time constant of 0.2 to 3.0 seconds, 
depending on the measuring problem, to indicate the out- 
put.—L. BERANEK. 


Normal Modes and Damping of Gas Bubbles in Liquids. 
E. MEYER AND K. Tamm, Akustische Zeits. 4, 145 (1939).— 
This paper presents the results of measurements made of 
the resonant frequencies of gas bubbles in liquids and the 
sound damping due to their presence. Measurements made 
by Sérensen' showed that in certain frequency regions 
liquids containing gas bubbles had a damping coefficient 
several times that for outgassed liquids. Minnaert? was 
first to show that the resonant properties of gas bubbles in 
liquids are determined by the elasticity of the bubbles and 
the mass of the oscillating liquid. Smith* also calculated 
the resonant frequency and in addition fitted in a damping 
which he considered to be largely due to radiation. This 
paper attempts to verify these calculations and to point 
out wherein they are not sufficient. 

The normal frequency is given by wo=(1/MF)!; where 
M=prS, the total oscillating mass of the medium, and 
F=r/(3PSy) the elasticity of the gas bubble. In these 
equations P is the atmospheric pressure (ca. 1.02-10° 
dyne/cm?), p is the density of the liquid (unity for water), 
S is the area of the spherical surface of the bubble with 
radius r, and ¥ is the ratio of specific heats (1.41). Under 
these conditions the product of the resonant frequency fo 
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times the bubble diameter d is a constant, and for air 
bubbles in water, fo-d=0.657 kc-cm. If the damping is 
considered as being due only to the radiation resistance, 
R=(Spc4x*r?)/d?, then the decrement will be @0= (wor) /c; 
wherein c is the sound velocity in the liquid. If the bubbles 
are at resonance the decrement is independent of frequency 
and for water 09=0.045. 

The apparatus used for the measurement of the normal 
frequencies of the gas bubbles in the supersonic range of 
15 to 35 kc is shown in Fig. 1. A magnetostriction source 
excites the liquid. The bubbles are produced by electrolysis 
on an electrode below and collect, forming one bubble, on a 
small adhesive wax sphere which in turn is affixed to a 
one centimeter long, 154 diameter platinum wire. This wire 
is located in a magnetic field and acts as the moving ele- 
ment of a velocity microphone. The frequency was held 
constant and as the bubble increased in size its diameter 
was observed by the microscope. At resonance the pulsating 
motion of the walls of the bubble reacted on the wire and 
its resulting velocity induced a voltage in the grid circuit 
of the amplifier. Eight observations at five frequencies in 
this supersonic region are recorded and the average of the 
d-fy product was very near that predicted by theory. The 
measured decrement was considerably greater than radia- 
tion damping alone would signify, increasing with fre- 
quency and reaching the approximate value of 0.9 at 25 ke. 

A slightly different measuring technique was used in the 
frequency region between 1.5 and 7 kc, because the larger 
bubbles on account of their buoyancy would not cling to 
the thin wire of the microphone. The gas bubbles were 
produced by a jet and were removed from it by the wax- 
coated point of a thin probe. Very large bubbles (ca. 5 mm 
in diameter) had to be held in a thin wire ring. An image of 
the bubble under observation was focused by means of a 
lens on the sensitive layer of a gas filled photo-cell. The 
voltage at the output of the photo-cell varied in direct 
proportion to the cross-sectional variation of the bubble. 
In order to measure the sound pressure at the air bubble a 
small quartz microphone whose self-resonance was at about 
300 kc was employed. Observations were taken by varying 
the driving frequency and observing the change in output 
of the quartz microphone. The maximum point on the 
curve gave the resonant frequency and the decrement was 
determined from the curve width at the one-half pressure 
points. At these frequencies the fo-d products were very 
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Fic. 1. Apparatus for determining the velocity at the surface of the gas 
bubble at various bubble diameters. 
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Fic. 2. Decrement of gas bubbles vs. frequency. 


near 0.66 while the decrement increased as a function of 
frequency. Measurements made in a 43 percent glycerin- 
water mixture showed that the effect of viscosity was not 
significant. The d-fo product for glycerin agreed well with 
the theoretical value of 6.59. 

The decrements as obtained from all measurements are 
shown plotted in Fig. 2. When extrapolated to very low 
frequencies the values of the curves agree well with the 
theoretical value for radiation resistance alone. Perhaps 
the increase of the decrement with frequency is due to heat 
losses in the interior of the air bubble. 

Sound spectrums of air jets in water tanks were recorded 
by a high frequency sound analyzer. Since the size of the 
air bubbles was not always the same, the spectrum did 
not contain a single resonant frequency, but rather a 
broad band. Changes in the air pressure and the shape of 
the nozzle produced spectrums centered around a different 
mean frequency. It was found that by combining a number 
of different jets, a practically continuous sound spectrum 
could be produced. These results were deemed to be of 
importance to observers in hydroacoustic laboratories.— 
L. BERANEK. 

1 Ch. Sérensen, Ann. d. Physik 26, 121 (1936). 


2M. Minnaert, Phil. Mag. 16, 235 (1933). 
3F, D. Smith, Phil. Mag. 19, 1061 (1935). 


On Testing of Metals by Supersonics. Fritz Kruse, 
Akustische Zeits. 4, 153 (1939).—The location of faults in 
metallic samples by supersonic means is inherently a dif- 
ficult problem to solve. This paper describes the author’s 
attempts to develop a satisfactory experimental tech- 
nique. However, his conclusions are largely negative. 

The assumption is made at the beginning that all faults 
are of the nature of blisters, cracks or cavities so that the 
problem involved is that of transmission from one medium 
to another (metal to air), the fault acting as an impediment 
to a progressive sound beam. For satisfactory results, 
therefore, the wave-length on the interior of the sample 
must be smaller than the smallest allowable fault (say 
f=10° cycles); the amplitude of vibration of the sample 
be accurately 
measurable, either relatively or absolutely; the coupling of 


surface at the supersonic source must 
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Fic. 1. Diagram showing the shading action of a fault 
in a metal sample. 


both the source and detector to the sample must be invari- 
able at all positions on the surface; and finally, the effect 
of internal normal modes of vibration must be segregated 
from the shading action of the fault. 

{ Theoretically the success of this method depends on 
several quantities such as the strength of the source, the 
absorption of the sample, the sensitivity of the receiver and 
the depth of the fault beneath the surface of the sample as 
measured from the detector side. Under the assumption of 
a plane wave progressing from one side of the sample to 
the other in a homogeneous medium (Fig. 1), simple 
assumptions lead to the equation that 


D,=D—2ltgé; sin 6=1.22 y/D. (1) 


If a point detector is used, the limit of detectibility is 
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Fic. 2. Plot of Eq. (2). 
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Fic. 3. Supersonic source (a) and detector (b). 


reached when D, becomes a point, giving 
D=2I tg 6. (2) 


This equation is plotted in Fig. 2. The obvious advantage 
of high frequencies is partly offset by the increasingly large 
absorption in the material. 

Figure 3(a) shows diagramatically the construction of a 
supersonic source. A quartz crystal whose natural period 
of vibration was well above the desired frequencies (stiff- 
ness controlled) was used as a mechanical exciter. In an 
effort to suppress internal resonances, the crystal was 
cemented between two steel plates. To insure reasonably 
uniform contact, mercury was used to couple the source 
to the surface of the sample. The detector, shown in Fig. 
3(b), also used a crystal as the transducing element. The 
lower electrode, constructed as a probe, was interchange- 
able with other types. 

Using this apparatus with a suitable radiofrequency 
generator and amplifiers, experiments were made on solid 
media and liquids in the frequency range of 50 to 800 kc. 
The presence of internal normal modes of vibration in both 
the measuring equipment and in the sample made accurate 
measurements impossible. The use of the steel plates was 
not adequate to damp out the vibrational modes in the 
quartz crystals which lay below the so-called thickness 
resonance. The sound field in the metallic sample ap- 
proached in no degree the assumed plane wave conditions 
mentioned above. An attempt was made to average out the 
effect of resonances through the use of a warble tone 
generator. However, the pressure variations over the 
surface were still too large to make the location of any 
but the largest of faults possible. Kruse promises to treat 
the problem further in a later paper.—L. BERANEK. 
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Book Reviews 


A Musical Slide-Rule. LL. S. LLoyp. Pp. 25, 1422 cm. 
Oxford University Press, New York, 1938. Price $0.75. 

In the preliminary remarks which introduce this book, 
a number of questions are propounded such as “If the 
musical scale and tuning of keyboard instruments were 
different things in the sixteenth century, how do they 
differ today?’’ It is observed that in answering such ques- 
tions, ‘‘the student of music must first understand the 
theoretically exact values of the various intervals them- 
selves. To provide an easy approach to this inquify, the 
musical slide-rule has been designed.” 

In Part I the need in just intonation for mutable tones 
for major and minor keys and modulation is demonstrated 
by the help of the two-piece cardboard slide-rule which is 
supplied with the book. Part II is devoted to the use of the 
numerical side of the slide-rule, particularly in calculating 
frequencies for certain just scale ratios. In the next section 
the method of ruling the logarithmic scales is explained, 
with detailed instructions for laying off lengths proportional 
to the logarithms on the base 10 of numbers to 20. Equal 
and mean-tone temperament are briefly discussed in the 
three pages which constitute Part IV, reference being 
made to the special slide graduations for these tempera- 
ments. Part V is devoted to a summary and the answering 
of questions proposed earlier, and the Appendix contains 
additional suggestions for the construction of 
musical slide-rules for demonstration purposes. 

The musical slide-rule is offered as an aid to reading the 
author’s Sound and Music, and this is to a degree true, but 
it is of little help in following the author’s comparison of 
various intervals using as a unit 1/11 of a comma. In the 
present work, arguments are based on how a good singer 
“would instinctively”’ sing certain intervals, notwithstand- 
ing the scarcity of supporting experimental evidence. 
Several tests are offered, whereby the reader may allegedly 


large 


convince himself that the slide-rule has been drawn to the 
correct proportions (for just intervals), which are in fact 
satisfied by any system of dividing the octave including 
equal temperament. The numerical or frequency side of 
the slide-rule is of doubtful utility since this scale cannot 
be matched directly with the interval scale, nor is it 
graduated well enough to provide the accuracy required 
for many computations of the kind concerned. 

The merit of the musical slide-rule is evident in the dis- 
cussion of the flexibility of the scale system that must 
accompany just intonation. Certainly the slide-rule idea 
is worthy of still further development, possibly in the 
direction suggested by the author toward larger and more 
complete graduations. 

ROBERT W. YOUNG 
C. G. Conn Lid. 


Applied Acoustics. HArry F. OLSON AND FRANK MAssA. 
Second Edition. Pp. 494. P. Blakiston’s Son and Company, 
Philadelphia. 

The authors have retained in the revision the well- 
defined purpose of their first edition: it is to present acous- 
tics from the view point of an acoustic research laboratory 
where investigation must lead to development. The basic 
theoretical treatment is usually much in evidence and is 
made readable for any one having a knowledge of ele- 
mentary physics and of electric circuit theory. 

Numerous alterations have been made throughout, but 
the chief additions have been in regard to horn-loudspeakers 
and to microphones. The reviewer knows of no book that 
as adequately fills the need of engineers engaged in work 
involving acoustics. 

G. W. STEWART 
University of Iowa 
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References to Contemporary Papers on Acoustics 


OST of the titles of papers appearing in other languages than English have been translated; 
Abstracts in English of many foreign papers have appeared or soon will appear in Science 
Abstracts, Section A. Where references are made to Science Abstracts, the reference is to the volume 
number and abstract number. The abbreviations of the names of journals are those used in Science 
Abstracts and can be found in any annual index to those abstracts. 
The numbers appearing at the head of each entry are the numbers which identify the subject 
headings in the Cumulative Index of this journal issued in November, 1939. 
This section in this issue 1s somewhat shorter than usual due to the fact that a number of German 
journals are failing to arrive on schedule. However, the September issue of the Akustische Zeitschrift, 
under the co-editorship of our friend Dr. Erwin Meyer, has just arrived at the expected time. 


Compiled with the generous assistance of F. E. Orton, Physics Librarian, University of Michigan. 


2. ARCHITECTURAL ACOUSTICS 
The Acoustical Design of Broadcasting Studios. 
J. McLaren. World-Radio 29, 14-15 (1939). 
On the Absorption of Sound Waves upon Reflection 
from a Solid Boundary. B. P. KoNsTANTINOV. Journ. 
Techn. Phys. 9, 226-28 (1939). (In Russian.) Abs. 
Wireless Engineer 16, 3992 (1939). 
Theory and Design of the Simplest Resonance 
Sound Absorbing Systems. S. N. KSCHEVKIN. 
Comptes Rendus de |’Acad. des Sciences, U.S.S.R. 
22, 564-569 (1939). (In English.) 
Acoustic Properties of Mud Bricks. F. H. CoNSTABLE 
AND M. K. Manas. Nature 144, 33 (1939). 
Sound Absorption of Snow. G. SELIGMAN. Nature 
143, 1071 (1939). 
On the Physical Interpretation of the Damping 
Factor in the Formula for the Calculation of the 
Time of Acoustic Reverberation. A. BARGONE. 
Bollettino del Centro Volpi di Elettrotogia, English 
edition Dec. 1938, Year 1, No. 4, p. 67d. (Summary 
only.) 
The Acoustical Study of Large Rooms by Means of 
Models. A. GiGLt. Istituto Elettrotec. Naz. Galileo 
Ferraris. Reprint No. 55, pp. 3-10. 
Architectural Acoustics and Electrotechnics. A. 
GiGc.I. Elettrotecnica 26, 307-311 (1939). 
The Reverberation Characteristic of Large Rooms 
and the Properties of Absorbing Materials. A. GIGLI. 
Alta Frequenza 8, 89-97 (1939). 
Zur Ableitung der Nachhallformel. (On the Deriva- 
tion of the Reverberation Formula.) K. SCHUSTER. 
Akustiche Zeits. 4, 313-315 (Sept. 1939). 
An Impulse Measuring Set. A. S. GRANT AND D. H. 
MACNEE. Journ. Sci. Instruments XVI: 290-296 
(Sept. 1939). 
Sound Insulation of Walls and Floors. Techn. News 
Bull. of Nat. Bur. of Standards. No. 266, p. 58 
(June, 1939). 
Zur Schallausbreitung Langs Poroser Stoffe. (On 
Sound Transmission through Porous Materials.) 
K. ScuusTErR. Akustiche Zeits. 4, 335-340 (Sept. 
1939). 


3. Books AND BIBLIOGRAPHIES 
Schrifttum. (Bibliography.) Akustiche Zeits. 4, 
275-87 (1939). 


4.5 


4. EAR AND HEARING 
The 710 A Bone-Conduction Receiver. M.S. Haw- 
LEY. Bell Lab. Record 18, 12—24 (Sept. 1939). 
The Ortho-Technic Audiphone. W. L. TUFFNELL. 
Bell Lab. Record 18, 8-11 (Sept. 1939). 


4.11 Ohm’s Fundamental Acoustical Law and the New 
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Views on the Sound Analysis by the Ear. F. Tren- 
DELENBURG. E.T.Z. 60, 449-452. 


INSTRUMENTS AND APPARATUS. APPLIED ACOUSTICS 
Efficient Megaphone. F. R. 
American 160, 320-321 (1939). 
Aufbau und Eigenschaften eines Verdndebaren 
Akustischen Vergleichswiderstandes. (Construction 
and Properties of a Variable Acoustical Resistance 
Standard.) K. SCHUSTER AND W. StOuR. Akustiche 
Zeits. 4, 253-60 (1939). 

Optical Curve Analysis. H. C. MONTGOMERY. Bell 
Lab. Record 18, 28-30 (Sept. 1939). 

Exponential Loudspeaker Horns. Wireless World 45, 
48-50 (1939). 

Elastic and Mechanical Properties of Moving Coil 
Loudspeaker Cones. A. MANFREDI. Ricerca Scien- 
tifica 10, 404-415 (1939). Sci. Abs. B42, 2266 (1939). 
Some Remarks on the Generalised Group of Bessel 
Loudspeaker Horns. V. V. FURDNEV. Journ. Techn. 
Phys. 9, 165-167 (1939). (In Russian.) Abs. Wireless 
Engineer 16, 3604 (1939). 

Nonlinear Distortion Introduced by the Magnetic 
System of an Electrodynamic Loudspeaker. \. \. 
FuRDNEV, et al. Izvesteija Elektroprom. Slab. Toka. 
No. 2, pp. 25-38 (1939). Abs. Wireless Engineer 16, 
3182 (1939). 

Loudspeaker Mounting. W. FurrerR. Assoc. Suisse 
Elect., Bull. 30, 369-372 (1939). Sci. Abs. B42, 2267 
(1939). 

Theoretical Treatment of the Piezoelectric Dia- 
phragm Microphone. P. BEERWALD AND H. KELBER. 
Funktechn. Monatshefte. No. 4, 97-100 (1939). 
Characteristics of Modern Microphones for Sound 
Recording. F. L. Hopper. Soc. Mot. Pict. Engineers, 
J. 33, 278-288 (Sept. 1939). 

A Cardioid Directional Microphone. R. N. 
MARSHALL. Bell Lab. Record 17, 338-342 (1939). 
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A Cardioid Directional Microphone. R. N. Mar- 
SHALL AND W. R. Harry. Soc. Mot. Pict. Engi- 
neers, J. 33, 254-277 (Sept. 1939). 

The Design and Calibration of Electrostatic Micro- 
phones. E. PAviini. Alta Frequenza 8, 219-250 
(1939). Abs. Wireless Engineer 16, 3186 (1939). ~ 
Microphones at Alexandra Palace. Wireless World 
44, 613-614 (1939). 

Rochelle-Salt Microphones of the S.A.F.A.R. Alta 
Frequenza 8, 485-487 (1939). 

Line Microphones. H. F. Orson. I.R.E., Proc. 27, 
438-446 (1939). Sci. Abs. B42, 2268 (1939). 
Audiogoniometry in Air and under Water and on 
the Cause of the Corrosion of Diaphragms Vibrating 
in Water. W. FepErICcrI. Elettrotecnica 26, 311-319; 
500-502 (1939). 

Natural Production of Sound and Sight with Film. 
O. FRANK. Phot. Indust. 37, 25-27; 49-51 (1939). 
(In German.) Sci. Abs. 42B, 2265 (1939). 


3 An Electrical Megaphone. J. pE Borer. Philips Techn. 


Rev. 4, 272-73 (1939). 

Accuracy of Kénig’s Formula for Rayleigh Disc, 
A. C. MERRINGTON AND C. W. OATLEY. Roy. Soc.. 
Proc. 171A, 505-524 (1939). Sci. Abs. A42, 3388 
(1939). 


5 Sound-Level Distribution Records. H. KAun_. Bell 


Lab. Record 17, 254-256 (1939). 


5 A Simple Logarithmic Recording Device. R. ROGERS 


AND P. F. WILLIG. Rev. Sci. Instruments 10, 150-151 
(1939). 

The BBC Sound Recording Service. A. E. BARRETT. 
World-Radio 28, 12-13 (1939). 

Ein Beitrag zur Theorie der Schallplatte. Der Ab- 
tastvorgang. (A Contribution to the Theory of Sound 
Recording.) R. Brert. Akustiche Zeits. 4, 238-52 
(1939). 

Acoustic Spectra Obtained by the Diffraction of 
Light from Sound Films (discussion). D. Brown. 
Phys. Soc., Proc. 51, 549 (1939). 

CBS Hollywood Studios. H. A. CHINN AND R. A. 
BRADLEY. I.R.E., Proc. 27, 421-428 (1939). 
Properties of Lamps and Optical Systems for 
Sound Reproduction. F. E. Cartson. Soc. Mot. Pict. 
Engineers, J. 33, 80-96 (July, 1939). 

The Distortions Accompanying the Reproduction of 
Optical Records of Sound Waves, due to the Non- 
Uniform Illumination of the Slit. M. A. KoROoLEVa. 
Journ. Techn. Phys. 9, 239-248 (In Russian). 
Sound Picture Recording and Reproducing Char- 
acteristics. D. P. Love anp K. F. MorGan. Soc. 
Mot. Pict. Engineers, J. 33, 107-109 (July, 1939). 
Rooms, Booms, and Decibels: Are ‘‘Straight-Line” 
Amplifiers Worth While? N. PArtripGe. Wireless 
World 44, 530-532 (1939). 

NBC, Hollywood. C. A. RACKEY AND R. F. SHUETZ. 
Electronics 12, No. 5, 11-14 and 73, 75 (May, 1939). 
The Class A-B Push Pull Recording System. C. H. 
CARTWRIGHT AND W. S. THompson. Soc. Mot. Pict. 
Engineers, J. 33, 289-295 (Sept. 1939). 
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Contribution to the Electrical Recording of Echoes. 
S. Tore. Alta Frequenza 8, 75-86 (1939). 
Wireless Record Player for Radios. General Electric 
Company. Scientific American 160, 164 (1939). 
Recording on Steel Tape. Wireless World 44, 611- 
612 (1939). 

The Theory of the Telephone Receiver. A. FERRARI- 
ToNIOoLoO. Istituto Elettrotec. Naz. Galileo Ferraris. 
Reprint No. 51, 23 pp. (1939). 

The Magnetophone. B. MiLter-Ernesti. Funk- 
techn. Monatshefte. No. 5, 151-154 (May, 1939). 
Room Noise at Telephone Locations. D. F. SEAcorD. 
Elect. Engineering 58, 255-257 (1939). 

Non-Linear Distortion of Music Channels, with 
Particular Reference to the Bristol/Plymouth Sys- 
tem. R. E. Jones. P.O.E.E.J. 32, 45-51 (1939). 


6. MusicaAL INSTRUMENTS AND Music 


Just Temperament. LL. S. LLoyp. Music and Rests 
XX, 365-373 (Oct. 1939). 

Measurements on the Standard of Concert Pitch. 
G. B. MADELLA. Alta Frequenza 8, 300-304; 358- 
360; 2401 (1939). 

The Pitch of Musical Instruments and Orchestras. 
B. VAN DER Pot AND C. C. J. Appin. Philips Techn. 
Rev. 4, 205-10 (1939). 

Dynamics of the Pianoforte String and Hammer: 
Part II—Elastic Hammer. M. Guosu. Indian Journ. 
Phys. 12, 437-453 (1938). 

Uber Neuere Ergebnisse der Geigenforschung. 
(New Results in Research on Violins.) H. BACKHOUS 
AND G. WEYMANN. Akustiche Zeits. 4, 302-312 
(Sept. 1939). 

Old Violins. F. A. SAUNDERS. Science 89, Supp. p. 12 
(1939). 

Uber Naherungswerte zur Berechnung Temperierter 
Schwin Gungszahlen und Deren Anwenclung auf 
Getriebe fiir Vollelektrische Orgeln. (The Approxi- 
mate Calculation of the Frequencies in the Tem- 
pered Scale and their Application in Driving the 
Electric Organ.) F. TraAutwern. Akustiche Zeits. 
4, 261-262 (1939). 

Practical Design for an Electronic Piano. Electronics 
12, No. 5, 30-33 (May, 1939). 


7. NOISE 


The Audibility of Sirens in the Presence of Street 
Noises. P. BARON. Comptes Rendus 208, 1714-1715 
(1939). 

Uber der Vibrationsempfindung. (On the Perception 
of Vibrations.) G. von BExKeEsy. Akustiche Zeits. 4, 
316-334 (Sept. 1939). 

Sound Measurements in Industry. E. J. Apsorr. 
J. of Applied Physics 10, 526-531 (1939). 

The Objective Measurement of Noise: The Elec- 
trical Causes of Machine Noise. BERARD. Soc. Franc. 
Elect. Bull. 9, 676-714 (1939). 
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9. SPEECH AND SINGING 
Investigations on the Transition Points between 
Registers in Singing: II. Disturbances of Tone Due 
to the Action of the Natural Mouthpiece. W. TREN- 
DELENBURG. Preuss. Akad. Wiss. Berlin, Ber. No. 21, 
188-226, October (1938). 
Automatic Synthesis of Speech. H. DupLey. Nat. 
Acad. Sci., Proc. 25, 377-383 (1939). 
A Thyratron Inflection Indicator for Teaching the 
Deaf. T. ALPER STERNE AND H. J. ZIMMERMANN. 
Journ. Sci. Instruments 16, 334-335 (1939). 


10. SuPERsSONICS (ULTRASONICS) 
The “O. M. Corbino.”’ Nat. Inst. of Electroacoustics: 
Researches in the Field of Supersonic Waves. Ricerca 
Scientifica 10, 580—584 (1939). 
Theorien der Lichtbeugung an Ultraschallwellen. 
(Theory of Light Refraction through Ultrasound.) 
N.S. NAGENDRA Natu. Akustiche Zeits. 4, 289-301 
(1939). 
Theorien der Lichtbeugung an Ultraschallwellen. 
(Theory of Light Refraction through Ultrasound.) 
N.S. NAGENDRA Natu. Akustische Zeits. 4, 263-72 
(1939). 
Theory of Birefringence of Nonspherical Colloids in 
Supersonic Fields. SyoTEN OKA. Kolloid Zeits. 87, 
37-43 (1939). 
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sonic Waves. P. PAouNoFF. Comptes Rendus 209, 
33-36 (1939). 

Supersonic Velocity in Gases and Vapors. VII and 
Vill. S. K. KuLKARNE JATKAR. Indian Inst. of 
Science, J. 22A, 59-78; 93-110 (1939). Chem. Abs. 
33, 5248-49 (1939). 

Determination by Means of Ultrasound Measure- 
ments of the Probability of the Transfer of Vibrating 
Energy in a Collision of a Carbon Dioxide Molecule 
with Molecules of the Added Gas. I. M. METTER. J. 
of Exp. and Theor. Phys., USSR 8, 734-744 (1938). 
Supersonics and the Effect of Water Vapor on 
Molecular Vibration in CO.; Effect of Temperature 
on Supersonic Velocity in CO.; Theory of Second- 
ary Peak for Sound Absorption in CO.. PEILEMEIER 
AND TELFAIR; OVERBECK AND WILER; SAXTON. 
Phys. Rev. 55, 1127 (1939). (Abstracts only.) 
Prezisionsmessungen der Ultraschallgeschwindig- 
keit in Verschud Flassigkeiten und ihne Bedentung 
fiir die Frage der Schalldispersion. (Precision Meas- 
urement of the Velocity of Supersonics in Various 
Liquids and their Significance to the Question of 
Sound Dispersion.) E. SCHREUVER. Akustische Zeits. 
4, 215-230 (1939). 
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Sur la Dispersion des Ultrasons dans les Liquids, 
(Dispersion of Supersonics in Liquids.) L. ZAcHovat. 
J. de Physique et le Radium 10, 350-354 (1939). 
Absorption of Ultrasonic Waves in Liquids. P. 
BAZHULIN. J. of Exp. and Theor. Phys., USSR 8. 
457-470 (1938). Chem. Abs. 33, 5249 (1939). 
Absorption of Supersonic Waves in an Aqueous Hg 
Emulsion. V. VLADIMIRSKY AND M. GALANIN. J. of 
Exp. and Theor. Phys., USSR 9, 233-236. Sci. Abs, 
A42, 3734 (1939). 

Absorption of Supersonic Waves in Solid and Liquid 
Media. N. OTPUSHCHENNIKOV. J. of Exp. and Theor, 
Phys., USSR 9, 229-232 (1939). Sci. Abs. A42, 3733 
(1939). 

Theory of Absorption of Sound in Solids. I. Sua- 
POSHNIKOV. J. of Exp. and Theor. Phys., USSR 9, 
223-228 (1939). Sci. Abs. A42, 3732 (1939). 
Wasserreinigung durch Ultraschall. (Water Purifi- 
cation by Supersonics.) H. BENTHE ef a/. Akustische 
Zeits. 4, 209-214 (1939). 

The Testing of Materials by Supersonic Waves. F. 
Kruse. Akustische Zeits. 4, 153-168 (1939). 
HO6rschall- und Ultraschalluntersuchungen von 
Betonbalken mit Rissen. (Audible and Supersonic 
Investigation upon Concrete Beams Containing 
Cracks.) E. MEYER AND E. Bock. Akustische Zeits. 
4, 231-237 (1939). 


11. WAVES AND VIBRATIONS 


Velocity of Sound in Liquid Helium under Pressure. 
J. C. Finpay et al. Phys. Rev. 56, 122 (1939). 
Sur un Phenomine de Propagation d’Ondes. (Wave 
Propagation Phenomena.) M. Paropt. J. de Physique 
et le Radium 10, 399-420 (1939). 

The Radiation of Sound. T. van UrK AND R. VER- 
MEULEN. Philips Techn. Rev. 4, 213-22 (1939). 
Acoustic Radiation Pressure. J. MENDONssE. Comp- 
tes Rendus 208, 1977-1979 (1939). Sci. Abs. A42, 
3387 (1939). 

Zur Theorie des Schallstrahlungsdruckes. (Theory 
of Sound Radiation Pressure.) C. SCHAEFER. Ann. d. 
Physik 35, 473-491 (1939). 

The Resonant Radial Frequencies of a Cylinder with 
Any Wall Thickness. G. S. Fretp. Canad. J. of 
Research 17, 141-147 (1939). 

Transmission of Sound Through Plates at Oblique 
Incidence. F. H. SANDERS. Phys. Rev. 55, 1127 
(1939). (Abstract only.) 

Tafeln und Aufgaben zur Harmonischen Analyse 
und Periodgrammrechnung. Kart Stumprr. (Tables 
for Harmonic Analysis.) 174 pages. (Julius Springer, 
Berlin.) 
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Program of the Twenty-Second Meeting of the Acoustical Society of America 


State University of Iowa, Iowa City, Iowa 


THURSDAY EVENING, NOVEMBER 2, AT 8:00 o’CLOCK 


Auditorium, Macbride Hall 


Public Demonstration-Lecture 


Remaking Speech. HoMER DuDLEy, Bell Telephone Laboratories 





FRIDAY MORNING, NOVEMBER 3, AT 9:15 O'CLOCK 


Senate Chamber, Old Capitol 


Symposium on Speech and Vocal Music 


1. Speech Production as Revealed by Vocal Cord Pho- 
tography and Sound Wave Analysis. JoHN C. STEINBERG, 
Bell Telephone Laboratories. (40 min.)—For more than a 
century, wide differences of opinion have been held as to 
the function of the vocal cords in speech production. In 
the present paper, this problem is approached by utilizing 
high speed motion picture photography to determine the 
vibrations of the cords during phonation and a method of 
Fourier analysis to determine the characteristics of the 
sound waves. 

By taking pictures at a rate of 4000 per second and pro- 
jecting them at the normal viewing rate of 16 per second, 
the motion is slowed down by a factor of 250 to 1. Thus, if 
the cords execute 250 vibrations in one second, they appear 
to make one vibration per second and the details of their 
movements may be seen. Pictures suitable for monocular 
viewing, and also stereoscopic pictures showing the move- 
ments of the cords in full relief, have been obtained. 

For the lower pitches, the cords appear to be completely 
relaxed, and there appears to be a phase difference between 
the movements of the lower and upper surfaces. They do 
not move as units, but more as folds or lips, the motion of 
the upper surfaces lagging behind that of the underneath 
surfaces. The tension increases as the pitch is raised, the 
cords elongate and tend to move more nearly as units with 
somewhat smaller amplitudes than for low pitches. The 
movements appear to begin toward the front end of the 
cords and to extend progressively toward the back, so 
that the motion has a horizontal as well as vertical phase 
difference. 

The analysis of the vocal cord vibrations indicates a 
vibration form composed of a fundamental having a fre- 
quency equal to the vibration rate of the cords and over- 
tones, which diminish in amplitude with increasing order 
or number of the overtone. Such vibration forms do not 
possess the distinguishing characteristics of the different 
speech sounds. The latter characteristics are produced by 
the passage of the sound waves through the throat, nose 


and mouth cavities. 
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The paper will be illustrated by motion pictures showing 
the movements of the cords in ultra-slow motion, and by 
variable area recordings of the sound waves and their cor- 
responding analyses. Stereoscopic motion pictures will be 
available for limited viewing so that the cord movements 
may be seen in relief. 


2. Recent Studies of Fundamental Vocal Pitch in Speech. 
GRANT FAIRBANKS, State University of Iowa. (30 min.)— 
During recent years several studies of vocal pitch in speech 
of various types have been made at the University of Iowa 
by means of measurement of the fundamental sound wave 
frequency from phonograph records. 

One investigation! was concerned with the voices of well- 
known actors and actresses, disclosing among other data 
median pitch levels of 140.7 and 233.2 c.p.s. for the respec- 
tive groups, with total pitch ranges in the neighborhood of 
12 tones. 

In a second experiment? five actors simulated different 
emotions successfully in five readings of the same material. 
Simulation of contempt was found to be characterized by 
a range of 10.5 tones about a median of 124.3 c.p.s.; 
measurements of simulations of anger revealed a mean 
range of 10.3 tones about a median of 228.8 c.p.s., and a 
more rapid rate of pitch change [25.6 tones/sec. ] than the 
other emotions studied; the highest median pitch level 
[254.4 c.p.s.] and widest range [11.2 tones] were found in 
fear; in grief the mean range was 9.0 tones with a median 
of 135.9 c.p.s., the mean extent of inflections [1.7 tones ] 
was the narrowest and the rate of pitch change [15.6 
tones/sec. ] the slowest of the five emotions; the narrowest 
range [7.8 tones] and the lowest median pitch level 
[108.3 c.p.s. ] were measured in simulations of indifference. 
Most of the subjects employed total pitch ranges of over 
18 tones in the simulation of all five emotions. Another 
study® investigated the pitch usage of carefully selected 
superior male speakers reading a 55-word test passage, 
and found a mean total range of 10.5 tones about a median 
level of 132.1 c.p.s. In the latter measure individual sub- 
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jects were groupeu closely about this value. The pitch 
usage of these subjects in speech was related to their total 
singing ranges including falsetto, these ranges averaging 
20.4 tones. It was found that the pitches used in the meas- 
ured samples of speech lay within the lower fractions of the 
singing ranges, and that the ratio of the extent in tones 
between the lowest sung tones and the median pitch levels 
in speech to the total singing ranges averaged 0.25. 

In a fourth experiment‘ the same trained subjects re-read 
the test passage in response to instructions to read with 
more variability of pitch, with less variability of pitch, at a 
higher pitch level and at a lower pitch level. Extremes were 
avoided. Measurements revealed that the subjects followed 
instructions, and certain characteristic features of pitch 
variability were disclosed. Of interest was the finding that 
pitch level and pitch variability tended to vary concom- 
itantly, i.e., increased variability was accompanied by a 
rising pitch level and vice versa. 

Another investigation® made a preliminary exploration 
of the pitch aspects of voice change in the male. Ten-year- 
old, 14-year-old, 18-year-old and adult subjects were 
studied. The two younger groups were found to have 
median pitch levels in the neighborhood of the values 
reported for adult females, while the 18-year-old subjects 
used levels approximately equal to those of the adult male 
group. Wave-to-wave measurement of so-called ‘‘voice 
breaks”’ revealed several interesting features. (1) Almost 
as many breaks were found at 10 years as at 14 years. (2) 
Downward breaks, although outnumbered by upward 
breaks, were frequent. (3) Breaks averaged approximately 
one octave in extent. (4) All breaks measured were made 
up to and down from the median pitch levels of speech or 


AMERICA 


their vicinity; none were found above these levels. How- 
ever, in two atypical cases of voice change, not included jn 
the above groups, the breaks departed from this typical 
location below the median. 

These experiments are immediately suggestive of further 
researches, some of which are under way at present. 


1J. M. Cowan, Ar. Sp. 1 (1936, Suppl.), p. 1-92. 

2 G, Fairbanks and W. Pronovost, Sp. Monog. 6 (1939) [in press]. 
3 W. Pronovost, Ph.D. Diss., 1939, University of Iowa. 

4C. W. McIntosh, Jr., Ph.D. Diss., 1939, University of lowa. 

5 E. T. Curry, Ph.D. Diss., 1939, University of lowa. 


3. A Digest of Modern Voice Research. WILMER T, 
BARTHOLOMEW, Peabody Conservatory of Music. (30 min,)— 
A review of the more significant work in this field, and an 
attempt to synthesize from the available material a picture 
of how the vocal apparatus works as a whole. 


4. Statistical Measurements on Conversational Speech. 
H. K. Dunn AND S. D. Wuite, Bell Telephone Laboratories, 
(20 min.)—Several types of measurement are reported. 
R.m.s. pressures in one-eighth-second intervals, from the 
speech of a single voice, are compared with similar measure- 
ments in one-fourth-second intervals. The values obtained 
in the first case are only slightly more widely distributed 
than in the second, and the difference is least when atten- 
tion is confined to high frequencies. 

To earlier r.m.s. measurements, on the voices of six men 
and five women, is applied the relation found more recently 
between pressure at a point and total voice power. The 
resulting curves represent average spectra of voice power 
for the men and women. 

Measurements of the distribution of instantaneous 
pressures in speech are also given. 


Discussion 


Discussion Leader: ARNOLD SMALL, State University of Iowa. 


Panel Members: JoHN W. BLAck, Kenyon College; Gites W. Gray, Louisiana State University; ABE Prepinsky, Uni- 
versity of Minnesota; S. N. TREvVINO, University of Chicago. 





FRIDAY MORNING, NOVEMBER 3, AT 10:00 o’CLOCK 


House Chamber, Old Capitol 


Business Meeting of the Iowa Chapter of the American Institute of Architects 





FripAY Noon, NOVEMBER 3, AT 12:15 O’CLOCK 


Luncheon. Private Dining Room, lowa Memorial Union—(Arranged principally for local and visiting 


musicians, but open to all members and guests.) 


Studies of Old and New Violins. FREDERICK A. SAUNDERS, Harvard University. 
Tone Production on the Stringed Instrument. ARNOLD SMALL, State University of Iowa. (See Abstract 


No. 27.) 


Luncheon. Foyer, lowa Memorial Union. (Arranged principally for those interested in the theater, 


but open to all members and guests.) 


Sound in the Theater. HARoLD Burris-MEYER, Stevens Institute of Technology. (See Abstract No. 24.) 


| 
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MEETING 


FRIDAY AFTERNOON, NOVEMBER 3, AT 2:15 O'CLOCK 


Senate Chamber, Old Capitol 


Joint Symposium on Architectural Acoustics 


(With the lowa Chapter of the American Institute of Architects) 


5. Some Practical Aspects of Architectural Acoustics. 
VERN O. KNUDSEN, University of California, Los Angeles. 
(40 min.)—Recent developments in the theory of room 
acoustics may seem baffling to the architect and engineer, 
but there inhere in these developments some useful findings 
which apply directly to the acoustical design of architec- 
tural interiors. Such important matters as the best shape 
of a room and the most advantageous distribution of 
absorptive materials in a room are certain to be elevated 
from the realm of empiricism to the more exact realm of 
scientific planning. The present paper discusses these and 
related matters; in addition, it outlines typical procedures in 
acoustical designing which recently have come to the 
writer’s attention, some of which lead to good and others 
to unsatisfactory results. 


6. Practical Application of Acoustical Correction in 
University Buildings. GEorGE L. Horner, State Uni- 
versity of Iowa. (20 min.)—The University of Iowa has for 
many years recognized the value of sound control and has 
at different times dealt with all its various divisions. It is 
not often though that all the various divisions of sound 
control are embodied in one problem. Such was the problem 
in designing the University Theater. 

The first division was the audition qualities of the audi- 
torium, and after consulting acoustical experts, a design 
was worked out whereby it was thought all acoustical 
treatment might be omitted. The design proved successful 
and no sound absorbing materials were required in the 
auditorium. 

The second division, reducing the noise level, was also 
considered in connection with rehearsal rooms; however, 
insufficient funds have prevented the carrying out of this 
correction 100 percent. 

The third division, sound isolation, the most difficult in 
many ways to correct, was corrected by the use of sound 
barriers. Most of these barriers are of structural materials, 
brick and tile. In ventilating ducts, duct lining was used 
and all air is handled at low velocities to reduce air noises. 

The fourth division, the control of noise generated by 
machinery, was probably our most serious problem. Great 
care was used in mechanical design and all motors were 
specified ‘‘special quiet.’’ All machinery was mounted on 
rubber isolators. Most equipment was designed to meet a 
30-decibel reading in the auditorium. 

The theater as used by the Dramatics Department re- 
quires a very low sound level and through the use of care in 


design and the corrections as outlined, this result was 
obtained. 

The Music Building, various classrooms, lecture rooms 
and laboratories have been treated acoustically—the major- 
ity for better audition qualities although some, the Music 
Building, have been treated for sound isolation and reduc- 
ing the noise level. 

It is quite obvious that a University is a fertile field for 
acoustics, particularly its application, in fact too fertile. 
Too many classrooms and laboratories need sound control 
of some kind and insufficient funds usually hamper the 
completion of projected plans. 


7. Parasitic Infestations in Acoustical Materials. J. 
Woo son Brooks, Des Moines, Iowa. (20 min.)—Being a 
discussion of some difficulties experienced by architects in 
the selection and installation of acoustical materials with a 
few suggestions for their avoidance or remedy. 


8. Planning Functionally for Good Acoustics. J. P. 
MAXFIELD AND C, C. Potwin, Electrical Research Products, 
Inc. (20 min.)—The science of architectural acoustics has 
now taken its position as one of the bases of creative design. 
Planning of the interior shape of the auditorium to fulfill 
both the acoustic and the functional requirements is but 
two phases of a single problem. 

This paper will present an empirical study of the control 
of auditorium acoustics by the correlation of the internal 
geometry with the amount and placement of absorbing 
materials. A brief discussion will be given of some of the 
subjective experiences which led to the development of the 
empirical design technique. 


9. What Acoustical Treatment Will and Will Not Do. 
HALE J. SABINE, The Celotex Corporation, Chicago, Illinois. 
(20 min.)—It is sometimes found that acoustical materials, 
installed for the purpose of correcting auditorium acoustics 
or quieting noise, produce results which either exceed or 
fall short of expectations. A number of typical examples are 
described and explained in terms of the physical and psy- 
chological factors involved. Comments are given on the 
results which can and cannot be expected in various 
applications. 


10. The Adaptation of Acoustical Materials to Auxiliary 
Functions. Joun S. Parkinson, Johns-Manville Research 
Laboratories. (20 min.) —With the increasing use of acousti- 
cal materials for purposes of interior finish, a number of 





376 ACOUSTICAL SOCIETY OF AMERICA 


additional uses have been found for these products. Cases used primarily as interior finishes, with the acoustical 
are cited where the acoustical treatment has been made an _ function secondary. In the summary, suggestions are made 
integral part of the air conditioning system. The adaptation __ to assist the architectural profession in taking advantage of 
to improved lighting methods is discussed. Certain mate- these various adaptations. Details and photographs will be 
rials have such inherent architectural value that they are _ included. 


Discussion 


Discussion Leader: WALLACE WATERFALL, Celotex Corporation. 
Panel Members: AMos B. Emery, Des Moines, Iowa; T. V. Hunt, Harvard University; R. F. Norris, Norris Industries, 
Inc.; THORWALD THorsOoN, Forest City, Iowa. 


FRIDAY AFTERNOON, NOVEMBER 3, AT 2:15 O'CLOCK 


House Chamber, Old Capitol 


Round Table on Experimental Phonetics and Speech Pathology 


Chairman: GRANT FAIRBANKS, State University of Iowa 


A. Studies of the Vocal Cords in Relation to the Quality of Certain Speech Sounds. MiILton Coway, 
State University of Iowa. (See Abstract No. 25.) 
- Minimum Duration of Perceptible Speech Sounds. GILEs W. Gray, Louisiana State University. 
. Pitch as a Function of the Amount and Rate of Frequency Modulation. ABE PEPinsky, University 
of Minnesota. (See Abstract No. 26.) 
D. A Comparative Study of Vocal Pitch in Impromptu Speaking and Oral Reading of the Same 
Material. J. C. SNIDECOR, University of Idaho, Southern Branch. 
E. The Use of an Extrinsic Laryngeal Muscle as an Abductor of the Vocal Cords. Cuar.es R. 
STROTHER, State University of Iowa. 
F. Organic Speech Abnormalities Associated with Cleft Palate. SPENCER F. BRowN AND Dorotuy 
OLIVER, University of Minnesota. 


QW 





FRIDAY EVENING, NOVEMBER 3, AT 6:30 O’CLOCK 


Jefferson Hotel 


Dinner 


Master of Ceremonies: F. R. Watson, University of Illinois. 

Edifier and Entertainer: F. A. FIRESTONE, University of Michigan; presenting A Demonstration of 
How One Person Can Give a Public Speech or Sing a Quartet Without Using His Vocal Cords. 
After-Dinner Speaker: ELMER JENSEN, President of the Chicago Building Congress and Past President 

of the Illinois Society of Architects. 
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SATURDAY MORNING, NOVEMBER 4, AT 9:00 o’CLOCK 


Senate Chamber, Old Capitol 


Symposium on Hearing Defects 


11. Studies of Acquired and Inherited Deafness in 
Animals. M. H. Lurir, Department of Otology, Harvard 
Medical School. (40 min.) —These studies of deafness in ani- 
mals were chiefly of the end organ for the reception of 
sound (organ of Corti). The functions of the organ of Corti 
were studied by means of the Wever and Bray phenomena, 
then correlated by histological examination. Animals 
studied were chiefly cats, dogs, guinea pigs and mice. In 
all these animals the organ of Corti is the same as in the 
human. The difference between human and animal hearing 
is the interpretation of sound detected by the organ of 
Corti. The interpretation of sound stimulating the organ 
of Corti is done by the brain. The function of the organ of 
Corti is to analyze the sound stimulation and transpose 
this stimulus into nerve impulses. The nerve from the organ 
of Corti (cochlea nerve) transmits these nerve impulses to 
the brain and the brain interprets these impulses. 

The chief causes of deafness are: (1) disturbances of the 
transmission apparatus (the middle ear apparatus), usually 
called conduction or middle ear deafness; (2) disturbances 
of the end organ for reception of sound, usually called 
perception or nerve deafness. Deafness resulting from 
intercranial lesions cannot as a rule be differentiated from 
perception deafness. Conduction deafness in animals shows 
a similar pathology to that found in the human. Changes 
occur in the middle ear cavity, resulting usually from in- 
fection, preventing sound from reaching the organ of Corti 
in a normal manner. To overcome this increased resistance 
of the middle ear to transmission of sound, the intensity of 
sound must be increased. 

It must be remembered that the organ of Corti does not 
care how sound reaches it, for if it is a normal organ of 
Corti, it will respond in a normal manner; if abnormal, in 
an abnormal manner. Bone conduction is just another 
means of sound reaching the organ of Corti. 

The studies of the organ of Corti in animals deafened by 
disease, toxic poisoning and exposure to loud sounds for 
long periods of time, have given definite clues to the cause 
of perception deafness in the human. The lesions found in 
these animals are of a similar character, showing that the 
end result is the same in the organ of Corti. This is a 
degeneration of the external hair cells in the organ of Corti, 
and in more marked cases, a loss also of the internal hair 
cells, followed by a degeneration of the nerve cells. The loss 
of these special sensory hair cells in animals, when studied 
by the Wever and Bray method, has shown changes of 
response to sound similar to those found in the human 
being suffering from perception deafness. 

Studies of inherited deafness have shown that deafness 
of this type may vary from complete degeneration of the 
organ of Corti to only partial degeneration. The evidence 
at present from studies of the waltzing guinea pig shows that 
the organ of Corti develops to normal before birth and then 


degenerates after birth. This degeneration is similar to that 
found in animals deafened by toxic poisoning, by disease 
and exposure to loud sounds. 

From these studies the following conclusions with regard 
to perception deafness are drawn. (1) Degeneration of the 
external hair cells of the organ of Corti causes partial loss 
of hearing. (2) Internal and external hair cells when de- 
generated cause a complete loss of hearing for the region 
involved. This may result in (a) loss of part of the range; 
(b) an island of deafness. (3) External hair cells are for the 
detection of sounds of minimum intensity and are not 
concerned primarily with pitch. (4) Internal hair cells are 
more for the detection of pitch and do not begin to function 
until the intensity of sound has been increased to about 20 
db above the threshold of the external hair cells. 

These conclusions are amplified in the main article and 
the difficulties of developing hearing aids for the perception 
type of deafness are also discussed. 


12. Selective Amplification in Hearing Aids. N. A. 
Watson, University of California, Los Angeles. (20 min.)— 
By means of the articulation recordings and high-fidelity 
reproducing system described in an earlier paper,! and a 
large variety of frequency distortion networks, the selective 
amplification principle in hearing aids has been tested by 
extensive measurements on normal and typical hard-of- 
hearing persons. The criterion used for evaluating the 
effectiveness of each type of amplification has been the 
standard percent syllable articulation. For all ears tested, 
uniform amplification, free from nonlinear distortion and 
adventitious noise, has proved superior to amplification 
“peaked” at various frequencies to provide what is often 
falsely called selective amplification. Carefully prescribed 
selective amplification, even when first tried, has proved to 
be better than uniform in some instances. In other cases it 
does not give as good results. Some hard-of-hearing persons 
did not hear well with either uniform or selective amplifica- 
tion at first, because they never had heard some of the 
speech sounds before, or had become unfamiliar with them 
owing to their impairments. However, after practice with 
the prescribed amplification most of them became ac- 
customed to it, and their percentage articulation rose with 
successive tests. The opinion of the listener has proved to 
be a very poor criterion for determining the correct ampli- 
fication. Many of the hard-of-hearing listeners have chosen 
as sounding best the types which had frequency response 
curves of the same general shape as their threshold curves, 
and have criticized as sounding very unpleasant those with 
which they attained the highest articulations. It is not yet 
always possible to prescribe immediately the best type of 
amplification for a given hearing impairment, but a method 
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of prescription based on the ‘most comfortable equal 
loudness curve” has proved highly satisfactory in several 
cases. 

1 J. Acous. Soc. Am. 9, 99 (1937). 


13. Correlations Between Air and Bone Conduction 
Acuity Measurements in Different Types of Deafness. 
Scott N. REGER, State University of Iowa. (20 min.)— 
Several audiograms of various types of deafness, indicating 
both air and bone conduction threshold measurements, will 
be shown and discussed from the standpoint of the value 
of the correlations between the air and bone conduction 
determinations. A method of ascertaining the functional 
efficiency of the ear drum and ossicles on the basis of bone 
conduction acuity measurements with the ear canal open 
and then occluded also will be described. The necessity of 
masking while making bone conduction measurements will 
be considered briefly. 

Some of the deficiencies of tuning forks and various types 
of bone conduction receivers or vibrators supplied with 
audiometers will be discussed and constructive criticism 
offered from the clinical point of view. 


14. Hearing Survey at the New York and San Francisco 
World’s Fairs. H. C. Montcomery, Bell Telephone 
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Laboratories. (20 min.)—A statistical study of hearing js 
being made from hearing tests at the New York and San 
Francisco Fairs. An acuity test for pure tones and one for 
spoken words were offered as part of The Bell System 
exhibits, and over half a million visitors permitted a 
photographic record to be made of their test blanks. The 
results of a preliminary study of these records will be 
presented. 

About one person in seven showed a hearing loss of 25 db 
or more at 7040 cycles, and about one in twenty-five 
showed sufficient impairment at the lower frequencies to 
indicate a handicap in understanding speech in a public 
auditorium. The age and sex trends observed agree in 
general with those found in earlier surveys. Thresholds for 
certain representative groups will be given in terms of ear 
canal pressure. 

The results were consistent at different times of the day 
and from day to day. Comparison of data from New York 
and San Francisco indicates little difference between the 
groups. Certain other geographical comparisons will also 
be presented. 


15. The Prevalence of Nerve Deafness in the Popula- 
tion. WiLLis C. BEAsLEy, U. S. Public Health Service. 
(20 min.) 


Discussion 


Discussion Leader: Don LEwts, State University of Iowa. 


Panel Members: HEINRICH KoBRAK, Department of Surgery, University of Chicago; L. A. PENNINGTON, University of 
Illinois; JoHN C. STEINBERG, Bell Telephone Laboratories. 





SATURDAY Noon, NOVEMBER 4, AT 12:15 0’CLOCK 


River Room, Iowa Memorial Union 


Luncheon in honor of Dean Carl Emil Seashore and Professor George Walter Stewart 





SATURDAY AFTERNOON, NOVEMBER 4, AT 2:00 O'CLOCK 


Senate Chamber, Old Capitol 


General Session 


16. Alteration in the Liquid Structure of Electrolytes as 
Indicated by Acoustic Waves. Victor B. Corey AND G. W. 
STEWART, State University of Iowa. (20 min.)—The use of 
supersonic stationary waves for the determination of the 
velocity of sound in liquids is well known. With water, and 
frequencies of the order of 10® per second, the acoustic 
velocity is independent of the viscosity and is the recip- 
rocal of the square root of the product of the density and 
the compressibility. Stewart has shown that the solution of 


strong electrolytes in water alters the liquid structure of the 
solute and has suggested an arbitrary x-ray diffraction 
method of estimating the magnitude of the change of the 
structure. Measurements of compressibility have been 
made with aqueous solutions of NH,C.H;02, NH.Cl, 
NaCl, KCl, MgCls, CoCl,, Co(NOs3)2, Co(C2H 02). It 
has been found that the rate of change of compressibility 
with mole fraction of the strong electrolyte has a corre- 
spondence in relative magnitude with the rate of change 
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of liquid structure per mole fraction as crudely estimated 
by x-ray diffraction methods. This adds evidence to the 
view that the structure of the water is altered by the ions. 


17. Measurement of Impact Sound Transmission 
Through Floors. RoBERT LINDAHL AND HALE J. SaBINe, 
The Celotex Corporation, Chicago, Illinois. (20 min.)— 
Existing methods of measuring the transmission of impact 
noise through floors and of stating the results are inade- 
quate in two respects: (1) Published data give the differenee 
in intensity of impact noise measured above and below a 
given floor construction, but do not permit an accurate 
comparison of the noise transmitted by different construc- 
tions. (2) No attempts have been made to determine the 
comparative transmission-frequency 
different constructions. 

A new method of measurement is described. The impact 
noise is generated by a mechanical tapper, and the sound 
transmitted is measured with a sound level meter. By 
means of band pass filters the sound level in each of six 
octave-wide frequency bands is determined. The sound 
transmitted by a bare concrete slab is arbitrarily assigned 


characteristics of 


a level of zero decibels for each frequency band, and the 
levels measured for other constructions are stated as deci- 
bel reductions at each frequency referred to the zero levels 
for the concrete. The over-all rating for each construction 
is taken as the average of these decibel reductions for the 
six frequencies 128 to 4096 cycles. Comparative ratings 
arrived at in this way agree satisfactorily with subjective 
estimates of the comparative ‘‘noisiness” of the transmitted 
sound. 


18. Performance of Rectangular Rooms with One 
Treated Surface. LEo L. BERANEK, Cruft Laboratory, 
Harvard University. (20 min.)—Computations are carried 
out for typical rooms of widely different volumes having 
one surface completely covered with absorbing material. 
The object of the computations is to demonstrate the 
application of the theory of normal modes of vibration of 
rectangular rooms to delineate the range of variation likely 
to be encountered in the shape of the decay curves. For 
each of the different rooms an ideal normal impedance 
curve for the treated surface is computed such that the 
decay curves would be logarithmic and the frequency- 
reverberation characteristic flat up to a certain limiting 
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frequency. This limiting frequency depends on the dimen- 
sion perpendicular to the absorbing surface. Approximate 
values of normal impedance of several standard acoustical 
materials were obtained and used in computations showing 
the acoustical characteristics of various rooms treated with 
these materials. Partial coverage of the treated surface is 
discussed and possible means of estimating the results from 
the theory of completely covered walls are suggested. The 
distortion of the distribution of points in frequency space 
caused by added absorption is discussed as a possible 
criterion for acoustical design. 


19. A Review of Cardioid Type Unidirectional Micro- 
phones. RALPH P. GLOVER, Chief Engineer, Shure Brothers, 
Chicago. (20 min.)—The generalized characteristics of a 
unidirectional microphone whose response pattern is a 
cardioid of revolution are discussed with regard to pickup 
of reverberant energy, directional discrimination, and 
effect of distance and sphericity of wave on response fre- 
quency characteristic. Comparisons with the performance 
of the nondirectional pressure microphone and velocity 
microphone are made. Previous two-transducer structure 
for obtaining the cardioid characteristic are reviewed and a 
new single-transducer structure operating by acoustical 
phase shift is described. 


20. Application of Piezoelectric Vibration Pickups to 
Measurement of Acceleration, Velocity and Displacement. 
BENJAMIN BAUMZWEIGER, Development Engineer, Shure 
Brothers, Chicago. (20 min.)—The theory and construction 
of the inertia-type piezoelectric vibration pickup is de- 
scribed. A calibration technique has been developed in 
which the pickup under calibration is driven by a wide 
range vibration actuator through a piezoelectric vibration 
“cell” of the inertia-type in which mechanical resonance 
occurs above the frequency range of the first instrument. 
A double integrating network and control switch permit 
direct readings of acceleration, velocity and displacement 
of vibration to be taken on a commercial sound-level meter, 
thus considerably extending the usefulness of the original 
equipment. The apparatus has found practical application 
in the design of quiet industrial products and in vibration 
studies of buildings, excavations and other civil engineering 
problems. 





SATURDAY AFTERNOON, NOVEMBER 4, AT 2:00 O'CLOCK 


Room E-6, East Hall 


Round Table on Phonograph Recording 


Chairman: S. N. TREVINO, University of Chicago 


21. Stylus-Groove Relations and their Influence on 
Phonograph Reproducer Design. F. V. Hunt ann J. A. 
PieRCE, Cruft Laboratory, Harvard University.—As part of 
a continuing study of high fidelity sound reproduction from 





phonograph records, we have made a survey of the groove 
shapes being used in current release records. The results of 
this survey provide data for considering the stresses set 
up in the record material for various configurations of the 
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stylus-groove contact. In connection with our previous 
work on tracing distortion, this analysis establishes certain 
requirements which must be satisfied in order to secure 
positive tracking in reproduction from lateral-cut records. 
The structure of currently available “high fidelity’’ repro- 
ducers will be discussed in the light of these requirements. 
A preliminary report will also be presented concerning an 
analysis of ‘‘translation losses,’’ harmonic distortion, and 
other effects of transient elastic deformations of the groove 
wall by the reproducer stylus. 


22. Applications of the Buchmann-Meyer Effect in the 
Calibration of Phonograph Recording and Reproducing 
Equipment. Mitton CowAN AND PAvuL GRIFFITH, State 
University of Iowa.—Buchmann and Meyer have shown 
that the optical patterns reflected from a modulated phono- 
graph record can be evaluated quantitatively in terms of 
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the stylus-point velocity at the time of recording. If a record 
is illuminated with parallel rays of light, the width of the 
luminous band is directly proportional to the lateral veloc. 
ity. Thus, the over-all frequency-response characteristic of 
a recording mechanism may be readily and quickly deter- 
mined. Also, the characteristic of a reproducing system 
may be determined from a record of known lateral velocities 
at various frequencies. The effect may also be used to de- 
termine the magnitude of recording turntable speed 
fluctuations, surface noise level of a record, and the state 
of the division of the particles constituting the surface of a 
record. 

The paper develops the theory of the effect, and its 
practical applications will be demonstrated in the Uni- 
versity recording laboratories. 


23. Nonlinear Characteristics of Cutting Heads. E. D. 
PETERSON, Chicago. 





SUPPLEMENTARY ABSTRACTS 


(The abstracts below are for papers which will be presented either at the Friday luncheons or at the Friday afternoon 
Round Table on Experimental Phonetics and Speech Pathology.) 


24. Sound in the Theater. HAROLD BurRRIs-MEYER, 
Stevens Institute of Technology—The showman has two 
principal avenues of approach to the emotions and, in 
rare cases, to the reason of his audience: sight and hearing. 
The visual component of the show depends ultimately 
upon the light reflected to the audience from actors, 
scenery, etc. Lighting instruments and control devices 
make it possible for the showman to employ the complete 
color spectrum, and to vary intensity from a level which 
gives only partial visibility to one which is unpleasantly 
bright. 

Until recently the auditory component of the production 
has been limited in its characteristics by the limitations 
inherent in the source of the sound and the acoustic proper- 
ties of the theater. By introducing thermionic means of 
sound control, it is possible to employ for dramatic purposes 
the whole frequency and intensity ranges to which the ear 
responds, and thereby give the auditory component of the 
show the same flexibility and susceptibility to artistry that 
are possessed by the visual component. 

It is no longer necessary to hamper the actor by forcing 
him, in addition to interpreting his part, to compensate for 
the acoustic deficiencies of the theater, for the orchestra to 
misinterpret a piece to avoid drowning out the singer, or for 
the playwright to depend upon eleventh-century prop sound 
effect devices for the sound which he uses to establish 
locale, atmosphere and mood. It is possible to achieve with 
sound numerous dramatic values usually assigned to 
scenery, light, movement, etc. It is possible to use sound 
as an arbitrary independent means for stimulating pre- 
dictable involuntary audience reaction; to engender by 
auditory means that emotional flux which will make it easy 
for the audience to suspend disbelief, to laugh at, weep for, 

or believe in something which would have seemed absurd 
when first the curtain went up. 


The effort to devise a technique for subjecting all sound 
in the theater to control has been pursued for ten years, 
Results of that effort have already brought about some 
innovations in radio and legitimate production, and have 
made possible the development of at least one new dramatic 
idiom. The control of sound in the theater is now the sub- 
ject of a research project underwritten by the Rockefeller 
Foundation. Producing organizations in the fields of motion 
pictures and radio as well as legitimate drama are aiding 
the enterprise, as are also research organizations and equip- 
ment manufacturers. Experiments in the application of 
the technique to a wide variety of productions will be cited. 
Results of experiments since the report on the subject made 
to the Acoustical Society (April 29, 1935) will be sum- 
marized. : 


25. Studies of the Vocal Cords in Relation to the Quality 
of Certain Speech Sounds. Mitton Cowan, State Uni- 
versity of Iowa.—Recent experimental investigations by 
W. Trendelenburg, H. Wullstein, W. Hartmann and 
F. Trendelenburg are reviewed. Three experiments on fresh 
calf and human larynx preparations and one on human 
subjects are described. 

W. Trendelenburg and Wullstein made simultaneous 
recordings of glottal lip movement, shadowgraphs of the 
glottal chink, and oscillograms of air vibration at various 
points above and below the glottis. The vocal cords consti- 
tuted the moving plate of a condenser microphone for 
registration of the lip movements. An optical system sent a 
beam of light from the trachea through the glottal chink 
and this photographed shadowgraphs above when the 
cords were brought into vibration by means of a controlled 
current of air up through the trachea. A condenser micro- 
phone was used to record air vibrations. Plastellin forms 
approximating the shapes of the supralaryngeal cavities 
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for the vowels “‘a’”’ and ‘‘o” were placed above the larynx. 
The recordings showed that, with or without the resonators, 
the lip movements were essentially sinusoidal, that there 
was no back-coupling between cavities and cords, that the 
glottis was open for a relatively short portion of the cycle, 
that the formant frequencies were especially noticeable im- 
mediately following the glottal opening and closure and 
were highly dampened during the closure phase of the 
glottal cycle. 

Hartmann bored through the side of the larynx at the 
level of the cords and obtained simultaneous shadow- 
graphs of the lateral and vertical movements of the cords. 
The maximum glottal opening coincided with the highest 
point reached in the vertical movement. After closure the 
downward movement of the cords continued to a minimum 
at about the middle of the glottal closure phase. Averages: 
total vertical movement = 1.25 mm; glottal opening = 1.43 
mm; ratio= 1:1.15. 

Hartmann and Wullstein recorded glottal shadow- 
graphs and light density variations simultaneously. Maxi- 
mum density coincided with maximum glottal opening. 
On the human preparation, light density decreased after 
the glottal closure, indicating a pressing together of the 
cords. When the cords were made opaque by staining, light 
density variations coincided with the area of the aperture. 

Following up the observation that formant frequencies 
were especially prominent immediately following the 
glottal opening and closure, W. Trendelenburg found sub- 
jects who were able to intone vowels so that the first cycle 
was essentially the same as the succeeding ones in fre- 
quency, intensity and overtone structure. The typical 
energy maximum coinciding with the opening phase of the 
glottis was again apparent in the first cycle and was named 
the “initial group.”” Further work with F. Trendelenburg 
utilizing octave filters showed that it is possible to deter- 
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mine the time of glottal closure in any cycle of a vowel. The 
records from the octave filters will show two vibration 
groups or vibration maxima which can be related to the 
opening and closure of the glottis. 


26. Pitch as a Function of the Amount and Rate of 
Frequency Modulation. ABE PeEpinsky, University of 
Minnesota.—Pitch variation arising from frequency modu- 
lation was first studied by Lewis, Cowan and Fairbanks.! 
Their stimuli consisted of short sound-pulses whose fre- 
quencies were continuously and rapidly raised or lowered. 
Results of their study led to the present elaboration and 
subsequent reinterpretation of prevalent concepts of the 
ear’s response to modulated sounds. 

Thresholds of perceived pitch change were found to vary 
as a function of the amount and rate of modulation. Per- 
ceived extent of pitch change was shown to depend upon 
the amount, rate and form of modulation. Correspondence 
between physical and perceived extents was much greater 
than expected. 

It is believed that the data have an important bearing 
upon problems relating to the perception of the pitch ele- 
ment in speech. 

1 Lewis, Cowan and Fairbanks, J. Acous. Soc. Am. 9, 79 (1937). 


27. Tone Production on the Stringed Instrument. 
ARNOLD SMALL, State University of Iowa.—The bowing 
factors involved in tone production and the means of their 
control have been studied and measured. This makes pos- 
sible a more complete understanding of their control for 
artistic ends. Left-hand considerations in tone quality 
have also been analyzed. They likewise offer experimental 
bases for artistic and pedagogical procedure. The implica- 
tions of these studies for the string player will be em- 
phasized. 
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Comments on Paper by Professor F. V. Hunt Presented at the Meeting of the Acoustical Society of America 
at Iowa State University 


The high frequency translation losses in record repro- 
duction which Professor Hunt has quoted from a former 
paper of mine apply only to soft plastic-coated recording 
disks such as are used for instantaneous play-back record- 
ing. They do not hold and are very much less on the rela- 
tively hard material of which commercial transcription 
records are pressed. The RCA reproducer was designed 
and primarily intended for use with these hard commercial 
pressings. 

With reference to the frequency characteristic which is 
to be adopted and which is being used for the new Ortho- 
coustic broadcast transcription records and which Pro- 
fessor Hunt contends represents too much high frequency 
pre-emphasis, let me say that this program was started 
solely with the idea of producing ultra-high quality disks. 
It seems inconsistent that such a characteristic would be 
used if it resulted in objectionable distortion. The direct 
purpose in accenting the high frequency range in recording 
and attenuating it in reproduction is of course to reduce 
surface noise. Our object in demonstrating such a record 


at this meeting was not only to show how far the surface 
or background noise can be reduced but also to direct 
attention to the absence of distortion. 

As Mr. Robert Morris, of the National Broadcasting 
Company, indicated, the requirements for low surface 


noise on broadcast records are rather severe. Low distortion 
is not alone of paramount interest. The noise level too 
must be below a commercially acceptable value. This level 
is far below that which would be tolerated in home record 
reproduction. Assuming that it were possible to make a 
record totally free from wave form distortion the broad- 
casters would immediately insist on raising the recording 
level until the distortion was brought up to but not beyond 
the acceptable amount just mentioned. Thus the signal to 
noise ratio would be improved and no harm done. 

I cannot argue with Professor Hunt’s calculations on 
distortion but think perhaps he based them upon a higher 
recorded level than we propose to use in Orthocoustic 
disks. It is intended of course that the distortion will be 
objectionable to no one, and for all practical considerations 
not audible. By this method of recording it has been found 
possible to make ultra-high quality lateral transcription 
records which, in side-by-side comparison with the output 
from a high quality monitoring loudspeaker operating on 
“‘live’’ programs, defy detection, from the standpoints of 
frequency range, background noise and low distortion, 
That is all we can expect from any recording system. 

H. J. HAsprouck 


RCA Manufacturing Company, 
Camden, New Jersey. 
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